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20. (Continued)

~tion data. Doppler spectra were measured as a function of the transmitted
parametric difference frequency, the angle of incidence of the array to the
sea surface, and the angle of scatter of the reverberation to the receiving
hydrophones . ‘

In concert with the reverberation experiment, the directional spectrum
of the sea surface waves was measured with an acoustic wave height sensing
system. A line array of acoustic wave height sensors simultaneously
measured the time varying wave height at five discrete points on the sea
surface.

Both the acoustic and oceanographic data processing involved the fast
Fourier transform (FFT) processing of time series data segments. Segment
weighting and (overlap) averaging were used to reduce frequency leakage
and estimate variability. Doppler shifts, bandwidths, and the coefficients
of variation of the spectral estimates were computed for the Doppler spectra
The sea surface directionality was computed via a spatial Fourier transform
of the cross-spectral densities obtained from various combinations of wave
height sensor pairs. Conventional ‘delay and sum' methods and a high resolu-
tion maximum 1ikelihood method were used in the computation of wavenumber
spectral estimates.

Analyses of the Doppler spectra show a direction of Doppler shift in
accordance with the direction of propagation of the surface waves. Also, the
Doppler bandwidths are seen to increase with increasing transmit frequency
and decrease with increasing incident angle. There is negligible variation
in Doppler shift and bandwidth with scattering angle. The coefficients of
variation of the spectral estimates are frequency dependent showing a
minimum variability near the Doppler shift frequency and much higher
variability on either side of the shift frequency.

It is concluded that the surface reverberation Doppler spectra and the
sea surface directional spectrum represent a unique data collection that can
be used for theoretical reverberation model development and subsequent model
verification. Furthermore, the Doppler spectra are applicable to the system
design and performance prediction of surface reverberation-l1imited sonar
systems operating in low sea states and at similar sonar frequencies.
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CHAPTER 1

AN OVERVLEW

1.1 INTRODUCTION

An active sonar system is often required to detect a target echo in the
presence of a background noise interference that is signal generated. The
signal generated noise is caused by scattering of the transmitted signal from
either of the ocean's rough boundaries or by volume inhomogeneities. This
type of background noise is known as reverberation.

For active sonar systems that propagate energy in shallow water, surface
duct, bottom bounce, or convergence zone modes, the limiting background noise
is often reverberation from the sea surface. Since the sea surface is spa-
tially rough and time varying, the reverberated signals are modulated in
amplitude and phase. Hence, the frequency (Doppler) spectrum of the rever-
beration is not the same as the transmitted frequency spectrum. Likewise, the
frequency spectrum of the target echo differs from the transmit spectrum by
an induced Doppler shift.

Intuitively, if the Doppler shift of the target echo is much greater
than the effective bandwidth of the reverberation, then the sonar system's
performance is not degraded by reverberation. Of course, this assumes that
the sonar system has the appropriate spectral analysis capability. The sys-
tem would be limited by other background interferences such as own ship's
noise, ambient noise, or electrical noise. Hence, some of the pertinent
questions for system design and performance prediction are simply: How is
the reverberation power distributed in frequency and what relationship does
the characteristics of the reverberation frequency spectrum have with the
oceanographic, acoustic, and geometric factors that affect the reverberatiom
process?

1.2 THESIS PROPOSITION STATEMENT

The Doppler spectrum of sea surface acoustic reverberation was measured
in a shallow water experiment. The experimental objectives were to obtain
the power spectral densities of the instantaneous reverberated signals as a
function of acoustic frequency, angle of incidence and angle of scatter,

Supporting meteorologic and oceanographic data were obtained in concert
with the acoustic measurements. Wind speed, wind direction, and the direc-
tional wave spectrum of the sea surface waves were the measured quantities.
The envirommental data were obtained to provide the required inputs to theo-
retical reverberation prediction models.
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1.3 EXPERIMENTAL PROCEDURE

The experiment was conducted in the shallow waters of Block Island Sound
(see Fig. 2-1). A parametric array was used to project a narrow beam of
acoustic energy at the sea surface and insonify on the sea surface a well-
defined scattering area of limited extent. The surface generated reverbera-
tion was received on eight closely spaced hydrophones of a vertical array.
To generate reverberation signals that were statistically stationary, many
waveforms of sufficiently long pulse length were transmitted. The reverbera-
tion was measured at various values of the transmitted difference frequency i
produced by the parametric array. Also, the angle of elevation of the array
was electromechanically varied, and reverberation was measured at various
values of the angle of incidence. Together with the reverberation measure-
° ments, the directional spectrum of the sea surface was measured with an array
3 of wave height sensors. The sensors simultaneously measured the time varying

wave height at discrete points on the sea surface.

A time period of eight hours was required to obtain a complete
oceanographic-acoustic data set. This necessitated that the sea surface re-
) main statistically stationary during the measurements. After many days of
1 false starts - due to either equipment failures or nonstationary sea condi-
' tions - a complete data set was obtained. During the measurements, acoustic
propagation was under isovelocity conditions and there was no evidence of a
near-surface bubble layer.

1.4 EXPERIMENTAL PRECEDENTS

A parametric array was used as an acoustic projector. The array attri-
butes of narrow beamwidth, absence of sidelobes, and broadband frequency
coverage, made the array highly desirable in the shallow water environment.

The measurements were bistatic (projector and receiver in different loca-
tions) with a total of eight hydrophones to receive the surface reverberation.
For each angle of incidence of the transmitted beam to the surface, the rever-
beration was received in a vertical plane at eight angles of scatter.

_ Since the directional prcperties of the sea surface are a required input

- to reverberation prediction models, the directionality of the surface waves

‘ was estimated from an array of wave height sensors. Thus, the acoustic and
oceanographic data presented in this thesis may be used for reveiberation .
model validation.

1.5 EXPERIMENTAL LIMITATIONS -

Although the experiment was unique with respect to acoustic projector,
multiple receivers, and oceanographic capability; the experiment also had its
limitations: the broadband capability of the parametric source was utilized
to obtain reverberation measurements at four pulsed CW frequencies covering
the frequency band 3.5 to 9.0 kHz. The lowest transmitted frequency for
obtaining data was limited by the low reverberation-to-noise ratio. (As (
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transmitted difference frequency is decreased, parametric array source level
also decreases at approximately 12 dB/octave; and ambient noise increases at
approximately 6 dB/octave.) The highest transmitted frequency was limited by
the rapid drop off in receiving sensitivity (20 dB/octave) and also by the un—
desirable beampattern characteristics of the hydrophones at high frequencies.
It should be noted that the vertical array of transducers used as hydrophones
were not designed for this experiment, but were previously implanted in the
Sound for other acoustic measurements. The beampattern characteristics of the
hydrophones prohibited the absolute measurement of reverberation level.

The maximum incidence angle to the surface was restricted to about 60°
(30° grazing) because of the low reverberation-to-noise ratio (sea surface
scattering strength decreases with increasing incidence angle).

Even though a parametric array was used as a projector, multipath arrivals
could not be entirely eliminated, particularly direct path and bottom scat-
tered arrivals, Also, electrical pickup was another source of interference.

Lastly, the directional spectrum was measured from a line array of wave
height sensors. The highest measurable surface wave frequency was approxi-
mately 1.2 Hz.

1.6 PREVIOUS DOPPLER SPECTRA MEASUREMENTS

Since World War II, the main emphasis in surface reverberation has been
focused on determining the scattering strength of the sea surface. In particu-
lar, the research has been concerned with measuring and theoretically predict-
ing the scattering strength with respect to acoustic frequency, grazing angle
and sea state. The empirical equations of Chapman and Harris have been the
most comprehensive and are presently the basis for most reverberation level
model predictions [L—ﬂ. However, the scattering strength parameter in a
reverberation model has only limited usefulness. It does not answer how the
reverberation power is distributed in frequency. With the advent of advanced
signal processing systems, the Doppler spectrum of the reverberation power is
important to sonar system design and performance prediction,

Previous acoustic Doppler spectra measurements have been conducted in
tanks, a river, and shallow waters. Since there have been only a few measure-
ments, the experimental techniques and results will be sited below.

The earliest experiment that measured the Doppler spectrum of surface
scattered acoustic waves was performed by Liebermann 1-2]. Acoustic waves in
air were scattered from capillary waves generated in a water tray by agitating
the water surface with an electrodynamic transducer driven by white noise.
Capillary water waves covered the frequency band 100 - 250 Hz. The acoustic
source was projected at an incidence angle of 702 to the surface and the
scattered energy was received at a 56° scattered angle.

Liebermann concluded that out of a broad spectrum of surface wave frequen-
cies the wavelength most effective in scattering the acoustic energy is given
by the familiar diffraction grating equation L =\ (sin@ + sing )~1, where

Y
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L is the wavelength of the roughness, A is the acoustic wavelength, and 6 and
¢ are the respective angles of incidence and scatter. With the use of the
dispersion equation for capillary waves, the Doppler shift of the scattered
energy could be predicted.

In the experiment, the carrier frequency of the incident radiation was
78 kHz and the frequency content of the scattered energy was analyzed with a
commercial spectrum analyzer. The spectral peak of the scattered energy was
observed to be Doppler shifted from the carrier by 160 Hz -- no reference was
made as to whether it was an up or down Doppler. The bandwidth of the rever-
beration (between halfpower points) was approximately 30 Hz. The theoreti-
cally predicted Doppler shift of 167 Hz was in close agreement to the measured
value.

Mellen conducted the first underwater acoustic experiment that measured
the Doppler spectra of surface generated reverberation [1-3]. The experiment
took place in the Thames River estuary (CT, U.S.A.) using directional trans-
ducers resonant at 85 kHz and 1400 kHz. The angle of incidence with the river
surface was fixed at 45° and the reverberation was received at the same
angle with transducers identical to the transmit. Using a suitably calibrated
single sideband receiver, a magnetic tape loop, and a narrow band spectrum
analyzer, the frequency spectrum of the reverberation was measured.

Estimated wind speed during the experiment was 10 m/sec and the acoustic
energy was launched down wind. At a transmit frequency of 85 kHz the band-
width of the reverberation was approximately 50 Hz and the reverberation peak
occurred at a Doppler shift of 25 Hz below the carrier. Mellen computed a
theoretical Doppler shift of 19 Hz using the diffraction grating equation and
the dispersion equation for gravity waves. Also, the measured down Doppler is
in qualitative agreement with the direction of transmit, i.e., down wind.

Under the same wind conditions and geometry, but at a transmit frequency
of 1400 kHz, the bandwidth of the reverberation increased to 400 Hz and the
reverberation peak shifted to 420 Hz below the carrier. Using the same equa-
tions as Liebermann, the theoretical prediction of a 1030 Hz Doppler shift was
not in good agreement with the measured. It was suggested that nonlinear sur-
face effects were dominant, and thus the poor agreement with a theory based on
linear assumptions.

In a tank experiment, Roderick measured the Doppler spectra of off-
specular scattering from a traveling sinusoidal surface [l—h . A gravity
wave of known frequency, wave length, and wave height was generated on the
water surface. Three identical acoustic transducers, resonant at 500 kHz,
were projected at the water surface - for transmitting, receiving in the
specular (reflection) direction, and receiving in the off-specular direction
(towards backscatter).

The surface reflected and scattered received signals were amplified,
filtered, bandshifted, and recorded on magnetic tape for later spectral
analysis. A time compression spectrum analyzer was used for spectral
analysis,
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The effects of surface wave directionality were investigated at high
gravity-wave frequencies. An offspecular receiver was directed at the sur-
face, 10° from the specular direction, and 20° from the normal. A 6 Hz

water wave frequency was generated on the surface with wavefronts propagating
equivalent to an up wind condition. An up Doppler was measured at frequen-
cies of 6 Hz and 12 Hz above the carrier frequency; which indicated the pres-
ence of second order scattering, The direction of surface wave propagation
was reversed and a down Doppler was measured at frequencies of 6 Hz and 12 Hz
below the carrier.

Igarshi and Stern, using transducers resonant at 15 kHz and 60 kHz, meas-
ured the Doppler shifts of reverberation at sea from a ship [}-S]. The trans-
ducers were rotatable in azimuth such that measurements could be obtained in
up, down, and crosswave conditions. Sea wave conditions were monitored by
visual observations; during the experiment wind speeds varied in the range

11 - 14 kts,

Most of the data were obtained at a grazing angle of 30° and with a
transmitted pulse length of 110 msec. The data were processed on a commercial
spectrum analyzer. 1t was observed that the Doppler shift was greater for the
higher transmit frequency and was of the order of 10 - 20 Hz. Also, the Dop-
pler shift systematically decreased to zero as the transducer was rotated from
an upwave (or dowrwave) condition to a crosswave condition. At the 15 kHz
transmit frequency the Doppler shift and bandwidth of the reverberation were
much less and the spectrum of the reverberation retained the characteristics
of the transmitted spectrum.

In a theoretical study of the spectral characteristics of reverberation,
Faure established a relationship between the transmit signal spectrum and the
spectrum of the reverberation 1-6]. The power spectrum of the reverberation
was shown to be proportional to the convolution of the signal spectrum and the
probability density of the Doppler shift. In turn, the Doppler shift proba-
bility density was functionally related to the probability density of the
scatterer velocities., Thus, as in the Igarshi and Stern experiment, the
transmit spectrum at 15 kHz dominated the convolution and the reverberation
spectrum retained the transmit spectral shape.

Although the experimental results of Igarshi and Stern tend to confirm
that the Doppler shift can be simply predicted from first order diffraction
theory, the results of Swarts do not l-f]. In the Swarts experiment, a bot-

g tom mounted transducer was rotated in azimuth to measure the effects of sur-
face wave propagation. At a frequency of 28.2 kHz and a grazing angle of ap-
proximately 30°, Doppler shifts of 10 - 15 Hz were observed when transmit-
ting either down or upwave. From diffraction theory, the predicted shift was

- 8.2 Hz. Also, the Doppler shift did not differ in data obtained at two quite

different sea states.

As a final note, Crowther has described in a report (which, to my knowl-
edge, does not appear in the open literature) a reverberation experiment that
scattered 10 kHz sound from the sea surface [1-8]. It was found that the
spectral shape of the reverberation appeared to be approximately Gaussian and
there was no evidence of a narrow Doppler shifted spectral component predicted
by resonant scattering theory.




1.7 THESIS IN BRIEF

Beginning in the next chapter, the physical layout of the experimental
site and its surrounding enviromment is described. Emphasis is placed on the
acoustic and geometric parameters involved in the experiment and the data

collection procedure.

The parametric array and transmitting system is presented in CHAPTER 3.
Because of the uniqueness of the parametric array in surface scattering exper-
iments, considerable attention is given to the measured source level and beam-
pattern characteristics. Presented are measurement results of parametric ar-
ray primary and secondary fields which were obtained prior to implanting the
array in Block Island Sound. The angle of elevation control and sensing sys-
tem are briefly described. As would be expected following the discussion of
the transmission system, the receiving system is presented in CHAPTER 4.
Described is the analogue conditioning system from the hydrophone output to
the tape recording input. Also presented are the tape recording procedures
and the subsequent analogue-to-digital conversion.

Digital processing techniques for computing the Doppler spectra of the sea
surface reverberation is presented in CHAPTER 5. The Doppler spectra were
computed using fast Fourier transform (FFT) techniques. A discussion is given
of the procedures for (1) removing a direct path interference from the data,
(2) the windowing of the data samples to reduce frequency leakage, and (3) the
ensemble averaging of power spectral densities to obtain estimates of the true
Doppler spectra. The Doppler shift, Doppler bandwidth, and the coefficient of
variation computations are also described.

Most importantly, in CHAPTER 6, the Doppler spectra results are presented
and discussed in terms of their functional dependence on transmitted frequen-
cy, angle of incidence and angle of scatter.

Putting the reverberation aside, the measurement techniques and digital
processing precedures for obtaining the directional wave spectrum of the sea
surface waves is described in CHAPIER 7. Described is an acoustic wave meas-
uring system that simultaneously measured the time varying wave height at five
discrete points. This description is followed by the digital processing pro-
cedures that were used to compute the crossspectral densities from the five
sensors using overlapped segments of weighted wave height data. A description
is given of two conventional methods and a high resolution technique for esti-
mating a surface wavenumber component-frequency spectrum.

In CHAPTER 8, a discussion is given of the directional spectra as a func-
tion of azimuthal angle. Other sea surface statistics are also presented.

Lastly, CHAPTER 9 gives the conclusions drawn from the acoustic and ocean
ographic measurements and recommendations are made for theoretical compari-
sons.

The appendices have been left for presentation of material believed to
have been too detailed for inclusion in the main chapters. For example, the
methods used in removing a sinusoidal component from the reverberation data
are given in APPENDIX A, In an attempt to remove multipath interference,




linear frequency modulated (LFM) pulses were transmitted. The LFM waveform
was also used to compute the Doppler spectrum and the technique is described
in APPENDIX B, Some representative Doppler spectra are presented in CHAPTER
6. However, APPENDIX C contains the spectra and coefficient of variations
obtained on two hydrophones, at four angles of incidence, and at four trans-
mitted frequencies. A paper presented at the Eighty-Fourth Meeting of the
Acoustical Society of America described the acoustic technique used to measure
sea surface waves and is given in APPENDIX D, The electronic features of the
transmit and receive system for the five sensor arrayare presented in APPENDIX
E. Lastly, in APPENDIX F, the directional spectra of the surface waves are
presented for the high resolution estimation method.

7/8
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CHAPTER 2

ENVIRONMENTAL AND ACOUSTICAL PARAMETERS

2.1] ENVIRONMENT

2.11 BACKGROUND

The experiment was conducted in Block Island Sound, about 1.6 km northwest
of Block Island, Rhode Island. The Sound is partially closed by land masses
with Rhode Island 18 km to the north of the experimental site (Fig. 2-1).
South to southwest of the site is the Atlantic Ocean; and southwest to north-
west is a group of islands with Long Island, New York, the closest - 25 km

away .

There has not been a detailed study of wind speeds and directions in the
Sound. But some unpublished data reveal that the wind speeds are uniform
across the Sound, highly variable on a day~to-day basis, and the predominant
wind directions are from a southwest to northwest sector.

Water depth is fairly constant throughout the Sound at a mean depth of
33.5 m. The bottom ropography at the site und in the eastern sector of the
Sound is relatively flat and smooth [2-1]. However, divers have observed
small amplitude sand waves in the vicinity of the site.

Archival data obtained from bathythermograph measurements show that the
sound velocity structure in the Sound varies from a negative gradient in the
summer to a slightly positive gradient in the winter [2—2]. The reverbera-
tion measurements were conducted in early October and for this time of year
the velocity profile is isovelocity. A typical velocity for early October is

1509 m/sec.

The experimental site was situated close to the entrance of New Harbor,
Block Island. Fishing trawlers and pleasure craft transiting the entrance
were occasional sources of high ambient noise levels. Also, Coast Guard buoys
which delineated the site, were sources of ambient noise transients due to the
rattling of chains which tethered the buoys to anchors. Except for these var-
iations, the shallow water ambient noise spectrum levels were wind dependent

[2-3].

2.12 EXPERIMENTAL SITE

For the reverberation measurements, a parametric array was used as an
acoustic projector and a vertical array of eight transducers was used to re-
ceive the reverberated signals. The transducers were mounted to a tower and
the tower was supported at its base by a barge submerged in a water depth of !
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30.5 m (Fig. 2-2). The transducer array was not implanted for this experi-
ment, but had been used in previous propagation measurements. Both the source
and the hydrophones were cabled separately to a shore facility on Block Island
via two multiconductor armored cables,

The parametric array was positioned on the barge deck, at an approximate
depth of 27 m below the sea surface, and facing the direction of the prevail-
ing winds at a bearing of 278Y°. The acoustic axis of the parametric array
was aligned in a plane with the hydrophone array and separated from the array
by 4.2 m. The center of the source was 0.61 m above the barge deck and could
be rotated to point directly at a particular hydrophone as well as projected
at the sea surface.

Eight of the linearly spaced hydrophones, with 1.04 m spacing, received
the surface generated reverberation. The first hydrophone, hydrophone Hl,
was positioned 0.2 m above the barge deck.

To measure the directional characteristics of the sea surface, five upward
looking transducers (inverted fathometers) were used to measure the time vary-
ing wave heights at five discrete points, simultaneously. The transducers
were positioned in a horizontal line array with nonlinear spacings. There was
a separation of 30.5 cm between two of the closest transducers and a maximum
separation of 274.3 cm between the two most distant transducers. Using dual
combinations of the five transducers it was possible to obtain contiguous dis-
crete spacings at multiples of 30.5 cm from the array configuration. The ar-
ray of wave height sensors were supported by the tower at a depth of approxi-
mately 3 m below the surface. To obtain the best resolution, the array was
oriented such that broadside to the array faced the direction of the prevail-
ing winds. A broadside bearing of 278° was chosen; thus endfire was on a
bearing of 008°. As expected, a priori information was required with the
line array to determine from which side of the array the surface waves were
propagating. Visual observations of the sea surface and wind direction moni-
toring were used to resolve the front-to-back ambiguity of the array. The
same mul ticonductor cable that powered the parametric array was used for
transmitting/receiving with the acoustic wave height sensors.

2.2 ACOUSTIC PARAMETERS

During the measurements the velocity of sound was isovelocity. Hence,
the angle of elevation at the parametric array was also the angle of inci-
dence at the surface and refractive corrections were unnecessary.

Acoustic data were obtained at four angles of incidence: -4.7, 20, 40, and
60°., The -4.7° angle provided a specular reflection from the sea surface
to hydrophone R4, Table 2-1 gives the scattering angles to each hydrophone
associated with each angle of incidence.

At each angle of incidence the broadband capabilities of the parametric
array were used to transmit sequentially four frequencies: 3.5, 5.0, 7.0 and
9,0 kHz. The narrow beamwidth of the array (3° between half-power points)
was virtually independent of transmit frequency (see CHAPTER 3). The
insonified area was also independent of transmitted pulse length; i.e., the
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Figure 2-2. Relative Locations of Parametric Array, Hydrophone Array,
and Wave Height Sensing System at Experimental Site. 6 is the Angle
of Incidence and ¢ is the Angle of Scatter.
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Table 2-1, Scattering Angles to
the Eight Hydrophones Associated
with Each Angle of Incidence. H
Designates Hydrophone Number and
6 Designates Angle of Incidence.

HSG 47 | 20 40 60

41 | 271 | 444 | 617
43 | 280 | 455 | 626
45 | 200 | 467 | 636
47 | 300 | 479 | 645
49 | 310 | 491 | 655
51 | 323 | 504 | 665
53 | 335 | 51.8 | 67.4
56 | 349 | 532 | e85
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transmitted pulse length was long enough to fill the entire beam of the para-
metric array and the surface reverberating area was dependent on the beamwidth
alone [2-4]. The insonified area varies with incident angle; as an example,
the area was a maximum of 11 m2 at a 60° incident angle.

Although the parametric array could restrict the scattering area on the
sea surface; it could not completely eliminate multipath interference. The
major contributors to multipath interference were direct path and bottom scat-
tered arrivals, The intensity of the direct path varied with parametric array
elevation and hydrophone location, and was on the order of 55 dB down from the
intensity on the maximum response axis of the parametric array. The direct
path propagation time depended on hydrophone location and was approximately
2.8 to 5.7 msec. The difference in propagation time between direct and sur-
face scattered paths was greater than 25 msec at all acoustic geometries. The
bottom scattered interference paths resulted from acoustic energy in the para-
metric beam being initially reflected from the sea surface, propagated to the
sea bottom, and then scattered by the bottom sand waves (Fig., 2-3). Bottom
scattered energy could arrive at the hydrophones either by a direct return
from bottom-to-hydrophone or by a return that involved another surface reflec-
tion. Observations of measured propagﬂffgn time revealed that the preferred
return was via the surface reflected path, i.e., direct backscatter along the
incident path. Also, the difference in propagation time between the surface
scattered and bottom scattered paths was greater than 25 msec.

To measure the reverberation Doppler spectra and to investigate the ef-
fects of multipath interference, the following waveforms were transmitted:
1000 msec pulsed CW, 25 msec pulsed CW and 500 msec linear frequency modulated
(LFM) pulses with a 100 Hz bandwidth. The repetition period of all three
wavef orms was much longer than the time dispersion due to mul tipath.

The waveforms were transmitted to (1) determine the Doppler spectra of the
surface reverberation, (2) determine the effects of multipath interference on
the desired surface reverberated signals and (3) to resolve the multipath
interference signals and obtain the Doppler spectra of the isolated surface
reverberated signal with sufficiently high resolution. The 1000 msec pulsed
CW waveform was the primary signal used to obtain the Doppler spectra of the
surface reverberation. The spectral resolution of this pulse was on the order
of 1 to 2 Hz, depending on the time window chosen for the digital processing
(see CHAPTER 5). The 25 msec pulsed CW waveform was sent to resolve the
mul tipath arrivals. Also, the LFM signal waveform was sent to both resolve
the mul tipath arrivals and to obtain the Doppler spectra of the surface rever-
beration. The technique of obtaining the Doppler spectra of the reverberation
utilizing LFM transmissions is discussed in CHAPTER 5 and APPENDIX B.

2.3 ENVIRONMENTAL AND ACOUSTICAL DATA COLLECTION

The following procedure was used in obtaining an envirommental and acous-
tical data set. First, the wave heights were measured simultaneously and con-
tinuously for one hour and recorded on magnetic tape. For the next seven
hours, the reverberation datawere obtained. The parametric array was projec-
ted at near normal incidence (-4.7°) to the surface and the four difference
frequencies were transmitted (i.e., generated by the nonlinear interaction of
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two primary frequencies in the water). At each of the transmitted frequen-
cies, three waveforms were sent: 25 msec pulsed CW, 1000 msec pulsed CW, and
500 msec pulsed LFM with a 100 Hz bandwidth. A large number of pulses were
transmitted at each frequency to achieve statistical confidence in the esti-
mates of the Doppler spectra. The instantaneous reverberation signals re-
ceived on each of the eight hydrophones were band shifted to a lower frequency
and were recorded on magnetic tape. The angle of incidence of the parametric
source was then changed from near normal incidence to an incident angle of

20° and the same waveforms were transmitted at each of the four difference
frequencies. The same procedures were followed for incident angles of 40 and
60°. Wind speed as a secondary indicator of sea surface stationarity was
recorded continuously throughout the eight hour measurement period and the !
wind direction was monitored. ;
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Figure 2-3. Ray Dfagram of Major Arrivals at Hydrophone Array.
Only Path (1) is desirable. Other paths shown are (2) Surface
Reflected-Bottom Scattered-Surface Reflected (3) Surface
Reflected-Bottom Scattered (4) Direct path
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CHAPTER 3

PARAMETRIC ARRAY TRANSMISSION

3.1 TINTRODUCTION

In experimental investigations of reverberation, it is often desirable to
have an acoustic projector that insonifies an analytically known and well-
defined area on the scattering boundary. Likewise, it is desirable to have a
projector of low Q to adequately probe the frequency dependence of the scat-
tering process. The inherent characteristics of the parametric array-narrow
beamwidths at modestly low frequencies, a near absence of sidelobes, and a
broad frequency band capability ~ prompted its use as a projector in this
experiment.

Typically, a parametric array is generated by driving a directional trans-
ducer at two frequencies - the primary frequencies. Since the propagation of
acoustic waves in a fluid medium is not quite a linear process [3-1], there is
interaction between the frequencies. Not only are harmonics of each primary
frequency generated; but intermodulation frequencies, such as sum and differ-
ence frequencies, are also generated. The secondary frequencies are generated
along the length of the primary beam; and once generated, continue to propa-
gate independent of the primary frequencies. The effective length of the pri-
mary beam, where the nonlinear interaction occurs, is determined by a combina-
tion of small-amplitude absorption and nonlinear absorption.

The lowest frequency generated is the difference between the two primary
frequencies. Since small amplitude absorption (viscous) increases in propor-
tion to frequency squared, the difference frequency is the least attenuated of
any secondary frequency. Conceptually, the parametric array consists of the
portion of the fluid in the interaction length of the primary beam where vir-
tual sources reradiate acoustic energy at the difference frequency and other
secondary frequencies.

Transmitting characteristics of parametric arrays have been extensively
investigated ~ both experimentally and theoretically - since Westervelt's
[3-2] original publication in 1963. Following Westervelt's theory on differ-
ence frequency generation in the near field by two plane, highly collimated,
and attenuated primary frequencies, consideration was given to experimental
investigation [3-3] - |3-7). Theoretical analyses of the array continued with
more realistic considerations that accounted for the directivity of the
launching transducer [3-4], [3-6], [3—8]; the far field interaction effects
resulting from reduced absorption at lower primary frequencies [3-9]; and
nonlinear absorption in the near field (3—10], [3—11].

It is not the intent of this chapter to review the various models that
have been developed to explain the behavior of parametric arrays. This
information is readily available in the cited references. The intent is
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firstly, to describe the electrical and acoustical properties of the trans-
ducer which launched the primary frequencies, and secondly, to describe the
characteristics of the difference frequency which insonified the ocean sur-
face. To verify proper generation of the parametric array, difference fre-
quency source levels are compared to the Moffett and Mellen model 3-11 .
Thirdly, a description is given of the signal generating system and cabling
used to power the transducer at the primary frequencies. Lastly, the trans-
ducer was remotely controlled in angle of elevation to obtain data with
respect to the angle of incidence with the sea surface - a description of this
system along with the position indicators is presented.

3.2 PRIMARY BEAM CRARACTERISTICS

Firstly, a decision was made to eliminate unforeseen difficulties that
might arise in parametric transmission by using a similar transducer to ome
that had been previously evaluated [3—12 . A preliminary investigation re-
vealed that the characteristics of the Edo Weston Model 6083 circular piston
transducer were suited for the shallow water depths of Block Island Sound.
This transducer consists of lead zirconate active elements positioned in a
mosaic to give an effective radiating diameter of 25.4 cm and a resonance
frequency near 250 kHz.

Prior to implantment in the Sound, a number of performance tests were
conducted with the transducer at the NUSC Millstone Quarry Test Facility.

With a calibrated hydrophone situated in the far field and positioned on
the maximum response axis (MRA) of the transducer, the transmitting voltage
response was measured over a frequency band of 30 kHz., The pressure level at
the hydrophone (30.5 m away) was referred to a unit distance of 1 m from the
transducer by adding spherical spreading and absorption losses. With approxi-
mately 2 4B variation over the band, the transmitting voltage response aver-
aged 191 dB re luyPa at 1 m for a voltage of 1 volt RMS across the transducer
(Fig. 3-1).

Referring far field pressure levels to a reference distance of 1 m can
result in erroneous values of near field quantities such as pressure, particle
velocity, etc. It is well known that the near field pressure amplitude oscil-
lates as a function of distance from the transducer with a dependence on
transducer shape, size and radiating wavelength as depicted in Fig. 3-2 (a).
Customarily, the near field is simplified by assuming that plane waves are
confined in cross section to a radiating area S of the piston and extending
from the piston face to a distance of Ry, = S/\ o, where Ry is the
Rayleigh distance and A, is the wavelength C/f, (Fig. 3-2 (b)). The pres-
sure amplitude P, of the near field plane waves is equal to the referred
pressure P; at 1 m divided by R, or P;/R,, as shown in Fig. 3-2(c).

Thus, for the 25.4 cm diameter piston the near field was limited in cross sec-
tion to an area of 507 cm? and extended to a Rayleigh distance of 8.8 m,
The RMS source level is given by

PR
oo

2

L, = 20 log y dB re 1 yPa.m . (3-1)
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Figure 3-1. Transmitting Voltage Response
of Edo Weston Model 6083 Transducer Used
to Launch Primary Frequencies
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The transducer's electrical impedance was calculated from measurements of
input voltage, current, and voltage - current phase differences. At a fre-
quency of 263.3 kHz which was close to the antiresonance frequency (frequency
of maximum impedance), the impedance was purely resistive at a value of
88 ohms (Fig., 3-3). This frequency was chosen as the center of the primary
frequencies since the magnitude of the impedances were practically equal for
symmetrical deviations in primary frequencies and there was less than 1 dB
variation in transmitting response out to the desired maximum frequency devi-
ation (263.3 + 4.5 kHz).

Far field primary beam patterns were measured by rotating the transducer
about an axis perpendicular to the MRA of the transducer and measuring the
pressure level in the far field. At a primary frequency of 263.3 kHz and a
source level of 223.6 dB re lUPa.m, the beam pattern exhibited the typical
characteristics of a circular piston as shown in the linear angle plot of Fig.
3-4. The measured total beamwidth between halfpower points was approximately
1.4° and the first order sidelobes were 17.5 dB down from the maximum
response.

The beampattern characteristics were in good agreement with the classi-
cal equation [3-13] for the far field directivity D(8) of a circular piston
in an infinite baffle, which is given by

2 Jl(k asinf)
D(O) = 20 log 2 ,

k_asinB (3-2)
o

where k, is the acoustic wavenumber w,/c, a is the transducer radius, 6

is the angle measured from the MRA, and Jj(*) is a first order Bessel func-
tion of the first kind. For the acoustic wavenumber and transducer radius,
koa = 138.67 and (3-2) predicts a total beamwidth of 1.3° and first order
sidelobes down 17.6 dB at an angle of 2,1° from the MRA. The directivity
function D(0) does not take into account finite amplitude effects, such that
the comparison with the measured beampattern was made at a source level where
nonlinear absorption was negligible. The effect of finite amplitudes can
readily be seen as an effective increase in sidelobe levels relative to the
maximum response as measured by Lockwood, Muir, and Blackstock at higher
source levels with a circular piston [3-141

From the above acoustical, electrical and directivity measurements, the
electroacoustic efficiency was estimated to be 49%. This estimate was based
on driving the transducer at a frequency of 263.3 kHz with a peak voltage V
of 10 volts into a resistive load R of 88 ohms which resulted in a source
level L, of 208 dB re 1 WPa.m. The directivity index DI was computed from

DI = 20 log kya
= 42.8 dB,
and the logarithm of the efficiency E is given by

v2

10 log E = L_ - 170.7 - 10 103—22+ 10 log R - DI.
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Figure 3-3. Water Impedance Loop of Launching Transducer
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Because of the high directivity index it is possible to obtain relatively
high source levels with low electrical powers, For example, the primary beam
generated for the parametric array consisted of two equal amplitude sinusoidal
frequencies positioned symmetrically in frequency about the center frequency
Wo- A typical peak drive voltage acr ss the transducer was 150 volts at
each frequency which gives an approxir-ate electrical power of 128 watts per
frequency. Excluding nonlinear absorption, this results in a source level of
231.5 dB re ly Pa.m per frequency. (From Merklinger [3-7 , the nonlinear
absorption would result in a 0.6 dB loss in source level based on the extra
attenuation of the fundamental occurring in the near field plane wave model
depicted in Fig. 3-2(c).) For each frequency, the peak pressure at the trans-
ducer face would be approximately .6 atm. with a radiated acoustic power of
61 watts,

3.3 PARAMETRIC ARRAY CHARACTERISTICS

Difference frequency characteristics were also measured at the Millstone
Quarry Test Facility prior to implantment of the Edo Weston Transducer in
Block Island Sound. With the transducer and a calibrated hydrophone at depths
of 15 m and at a horizontal range separation of 30.5 m, difference frequency
source levels and beampatterns were measured at discrete frequencies over the
band from 3.5 to 10 kHz.

A simplified block diagram of the transmitting system is shown in Fig.
3-5. The output of the balance modulator consists of two equal amplitude
sinusoidal signals at freqencies of f, + f4/2, where f4 is the differ-
ence frequency to be generated in the water and f, is the center fregency
at 263.3 kHz. The double sideband suppressed carrier signal is gated by the
tone burst generator, amplified, and high pass filtered, where the filtering
is used to remove direct radiation at the difference frequency which may have
been generated by any nonlinearities in the power amplification process.

At the face of the transducer, the pressure P(t) can be expressed as
P(t) = P, [cos 2m(£,+£4/2)t + cos 2m(f,-£4/2)¢]
=2 P, cos 2n (£4/2)t cos 2m f.t. (3-3)

The time varying pressure has a peak pressure of 2P, every 2/f, seconds.
At the maximum primary source level generated per frequency, 236 dB re ]y
Pa.m, the peak pressure at the transducer face was 2 atmospheres.

Using primary source level as a variable, difference frequency beampat-
terns and corresponding source levels are shown in Fig. 3-6 for a constant
difference frequency of 8 kHz, Firstly, the beampatterns depict the familiar
characteristics of narrow beamwidths and absence of sidelobes that are associ-
ated with the parametric array. 1If the two primary frequencies behaved as
collimated plane waves and intecacted in a column confined by the dimensions
of the transducer, then the directivity of the difference frequency in the far
field of the array is given by Westervelt as
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D (8) = [1 + (3= sin? (6/2)] - (3-4)
T

where in (3-4), k_ is the wavenumber of the difference frequency, ar is the :
sum of the absorption coefficients of the primary frequencies minus the f
absorption coefficient of the difference frequency, and g is the angle meas-

ured from the MRA of the transducer. From (3-4), the half-power beamwidth of

the difference frequency is

204 = 4 sin"l (ag/q )1/2 (3-5)

Also plotted in Fig. 3-6 is the theoretical beampattern (3-4) for a paramet-
ric array tapered by small-signal absorption. Note that the measured beam-
patterns are wider than the predicted and the beamwidths increase slightly
with increasing primary source level.

Increasing the difference frequency beamwidth by solely increasing pri-
mary source level clearly exhibits the influence of finite amplitude effects.
Thus, the effective parametric array length has been tapered by nonlinear
absorption of the primary frequencies. This is analogous to increasing the
beamwidth of a line array by reducing the array length or shading the elements
of the array.

For more accurate predictions of the difference frequency directivity and
source levels, the model must include both linear and nonlinear absorption.
Moffett and Mellen [3—1{] have derived a primary beam tapering function that
includes both these effects. The model is based on the primary beam model of
Fig. 2-2(b) and evaluation of the scattering integral described in [3—2].
Most importantly, the array tapering function accounts for linear and nonlin-
ear absorption. The nonlinear absorption results from the loss of energy in
the primary frequencies due to the progressive distortion of the amplitude i
modulated waveform described by (3-3). b

Difference frequency source level predictions, obtained from parametric
gain curves described in [3—11], were compared to the source levels measured
at Millstone. The comparisons are shown in the three curves of Figs. 3-7 -
3-9 as a function of the downshift ratio f,/f4. The curves were generated
for the three designated souce levels and for ,R, = 0.8. Although there is .
good agreement, better agreement would be ex‘)ected if the measurements were 1
conducted in the far field of the array. This assessment is based on the
observation that there is better agreement at the successively higher souce
levels (Figs. 3-8 and 3-9), where the array length becomes increasingly trun-
cated by nonlinear absorption.

3.4 TRANSMITTING SYSTEM i

For the reverberation measurements in Block Island Sound the block diagram
in Fig. 3-10 shows the pertinent equipment installed as the transmitting sys-
tem,

The EDI Weston transducer, powered by a CML amplifier, was coupled to
shore via a 1675 m coaxial cable. The coaxial cable consisted of a copper , 1




stranded wire center conductor which was insulated from a copper braided outer
conductor by polyethelene. Characteristic impedance of the coax was 50 ohms
and the measured power loss at the center frequency was 3 dB. A Marsh and
Marine 36 pin connector joined the coax and the other conductors in the 3.8 cm
diameter armoured cable to the transducer housing. The proximity of the con-
nector pins limited the voltage and current to the transducer.

At a center frequency of 263.3 kHz, the measured input impedance of the
coax with the transducer load was 45 ohms. A 3 dB power loss in the cable
resulted in approximately equal voltage amplitudes at the coax input and
across the 88 ohm transducer load. Since the drive voltage at the coax input
was 600 volts peak-to-peak, the difference freqency source level values of Fig.
3-7 are applicable to the reverberation measurements.

A five pole Butterworth high pass L-C filter, which was matched to the
cable input impedance and the CML transformer output impedance, rejected
intermodulation difference frequencies generated in the power amplification
process. With less than 1 dB insertion loss in the filter, the amplifier
delivered an output peak envelope power of 1 kW.

As in the calibration measurements of the parametric acoustic array, a
balanced modulator provided a double sideband suppressed carrier signal with
frequency components f, + f4/2 positioned symmetrically about the trans-
ducers antiresonance frequency f,. This signal was high pass filtered prior
to driving the preamplifier stage of the CML amplifier. Using a balanced mod-
ulator required only one synthesizer (Monsanto) to maintain a stable (one part
in 106) frequency difference. Also, only one frequency had to be adjusted
to change the difference frequency and at the same time the center frequency
remained constant. The H.P, oscillator provided the input to the carrier in-
put to the modulator at a frequency of 263.3 kHz. The signal input to the
modul ator was a gated version of the synthesizer output from a tone burst
generator. )

The tone burst generator output also fed a multiplier (frequency doubler)

to generate a reference signal. The reference signal initially consisted of a
dc voltage which was removed by filtering in the receiving system, and a fre-
quency at the difference frequency f3. Thus the reference signal had the
same pulse length as the water borne signal and was at the same frequency as
the difference frequency generated by the water nonlinearities. Furthermore,
the reference signal underwent the same signal conditioning as each of the
hydrophone outputs and was analogue recorded and digitally processed in the
same manner as te reverberation signals. Hence, the reference signal served

i as a monitor for the tape recording and playback frequency stabilities, and
for checking processing errors incurred by the reverberation signals.

The transmitting system was manually controlled and was required to trans-
mit four difference frequencies - 9.0, 7.0, 5.0, and 3.5 kHz. At each trans-
mitted frequency, one of three waveforms could be sent: 25 msec and 1000 msec
pulsed CW, and 500 msec pulsed LFM, The repetition periods were 1.0 sec,

10.0 sec and 5.0 sec for the respective waveforms.
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3.5 ANGIE OF ELEVATION: CONTROL AND INDICATION

The parametric array was capable of rotation in angle of elevation over an
angular sector of 180° (horizonm to horizon). A DC stepping motor (SLO SYN
150 E) provided the necessary torque to rotate the transducer. The transducer
was coupled to the motor via a shaft and gear reduction box. A baseplate sup~-
ported the motor and angle indicating devices as shown in Fig. 3-11. Mounted
to the baseplate are a stepping motor, synchro transmitter and feedback poten-
tiometer. The synchro transmitter and potentiometer were geared to the shaft
and were used to sense the angle of elevation of the transducer. Synchro,
potentiometer, and DC stepping motor were cabled to the shore facility via the
36 conductor cable used to power the parametric array.

By pulsing the stepping motor with + 15 volt pulses, the transducer could
be incremented in angular steps of 0,1°. As the transducer rotated, the
synchro transmitter, coupled with a one-to-one gear ratio to the shaft, rota-
ted a synchro receiver located at the shore facility. Also, the potentio-
meter (50) was geared to the shaft with a 10-to-1 gear ratio and served as one
arm of a bridge circuit. The unbalancing of the bridge caused current to flow
in a D'Arsonval | amp meter. The meter was calibrated for lu amp of current
flow per degree of rotation. Prior to installation, the transducer was
leveled and both sensors, synchro receiver and D'Arsonval U amp meter, were
zeroed.
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CHAPTER 4

ANALOGUE CONDITIONING AND DIGITAL CONVERSION OF
REVERBERATION SIGNALS

4.1 INTRODUCTION

The primary functions of the receiving system were to identically condi-
tion the analogue reverberation signals for the in situ magnetic tape record-
ing and subsequent digital processing at the NUSC laboratory. Overall receiv-
ing system design took into account background noise, tape recorder frequency
instabilities, A/D conversion sampling rates, and dynamic ranges of the tape
recorder and A/D converter,

Nine identical channels of signal conditioning were required for the
receiving system: eight channels for the hydrophone outputs and one channel
to condition the reference signal generated in the transmitting system (CHAP-
TER 3). To ease the receiving system requirements, the same system configur-
ation was used to condition the three transmitted waveforms. Thus, the system
bandwidth was greater than 100 Hz to accommodate the LFM waveform.

In this chapter a description is given of the receiving system - from the
initial reception of the "raw' reverberation signals to the recording of the
bandshifted signals on magnetic tape - and the subsequent digital conversion.

4.2. HYDROPHONES

International Transducer Corporation model 1022 free flooding ceramic ring
transducers were used to receive the reverberation. As mentioned previously,
these transducers were not selected nor implanted for this experiment, but had
been selected for use in low frequency propagation studies. Because of the
interest in low frequencies, the available calibration data on the ITC-1022
had been restricted to frequecies below 6 kHz. The receiving sensitivity of a
typical transducer is shown in Fig. 4-1. An extrapolation is required to
obtain an estimate of the receiving resp nse at frequencies above 6 kHz.

Since Doppler spectra can be a relative measurement, the absolute value of
receiving sensitivity is unnecessary. However, it is required that the trans-
ducer have enough sensitivity and capacitance (in comparison to cable capaci-
tance) to provide an output voltage that is high in comparison to receiving
system noise.

The ring transducers have omnidirectional beampatterns in the horizontal
and "doughnut - shape" in the vertical. A typical azimuthal beampattern, de-
picting the omnidirectional character of the transducer is shown in Fig., 4-2
at a frequency of 5 kHz. A beampattern, taken in the vertical, is shown in
Fig. 4-3 at the same frequency. The vertical beampattern becomes more
doughnut-shaped as frequency is increased.

Py
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Figure 4-1. Receiving Sensitivity of a Typical ITC-1022 Transducer.
Dashed 1ine is an Extrapolation to Higher Frequencies.




The eight transducers were individually cabled to the shore facility via i
a mul ticonductor single armored cable. Stranded wire conductors with polyeth-
ylene jackets coupled the hydrophones over 1680 m of cabling.

4.3 RECEIVING SYSTEM

At the shore facility, the hydrophone outputs were first isolated from
ground by isolation transformers and then amplified by Ithaco Model 491 Ampli-
fiers (Fig. 4-4). Prior to bandshifting the reverberation signals to a common
lower frequency, the signals were bandpass filtered at the transmitted differ
ence frequency.

IC operational amplifier active filters were used to bandpass filter the
reverberated signals. By switching selected capacitors into a multiple feed-
back bandpass circuit [h-l] the center frequency of the bandpass filter could
be set at the transmitted difference frequency. The Q of the bandpass filters
was approximately 35 and independent of center frequency. The filter band-
width was a minimum of 100 Hz at 3.5 kHz and a maximum of 257 Hz at 9 kHz.

To obtain nearly identical bandpass filter responses, potentiometer adjust-
ments could be made to adjust center frequency and bandwidth.

Following bandpass filtering and amplifying, the reverberation signals
were bandshifted by DATA Model 401 all purpose multipliers to a lower common
frequency of 220 Hz. That is, by multiplying the incoming signals by a fre-
quency synthesizer signal at a frequency of 220 Hz below the transmitted dif-
ference frequency, upper and lower sidebands were produced at the multiplier
output. The upper sideband was positioned at 2 f4 - 220 Hz and the lower
sideband was positioned at 220 Hz. Having the synthesizer frequency below the
transmitted frequency ensured that the structure of the Noppler spectra was
not reversed., The lower sideband was selected by a bandpass filter having a
center frequency of 220 Hz and a bandwidth of 200 Hz. Reverberation signals
at all difference frequencies were bandshifted to the same frequency band
centered at 220 Hz.

Prior to tape recording the bandshifted reverberation, the signals were
again amplified to ensure that the full dynamic range of the tape recorder was
being utilized,

As discussed in CHAPTER 3, a reference signal was generated to simulate
the water borne transmitted signal. The reference signal was conditioned by
a receiving channel that was identical to the reverberated signal channels.
The reference signal undergoes the same receiving system conditioning, tape
recording and reproducing, A/D converting, and digital signal processing.
Thus, the reference signal serves as a valuable check for conditioning or
processing errors.

4.4 TAPE RECORDING AND PIAYBACK SYSTEM

The instantaneous bandshifted reverberation signals and reference signal
were recorded on a Honeywell 5600 magnetic tape recorder at a tape speed of
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7.5 inches/sec. FM record/reproduce electronics were used for the data and
reference channels to obtain a high amplitude accuracy, uniform frequency re-
sponse, and a broadband signal-to-noise ratio that was greater than 40 dB. A
servo control signal was also recorded on tape to maintain tape speed (and
hence, frequency) accuracy.

The channel configuration of the tape recorder system is shown in Fig.
4-5. All channels are FP record/reproduce except for the servo control and
voice channels. Synchronizing pulses were generated on the initiation of
every outgoing pulse. The pulses were obtained from the tone burst generator
(Fig. 3-10) used in the transmitting system. The synchronizing pulses were
used to initiate the A/D conversion process, to count pulses, and to serve as
a reference to locate specific data samples. Also, a time code generator was
used to identify pulses.

To reproduce the reverberation signals, the same tape recorder was used on
playback. The reverberation and reference signal channels were first filtered
by the 220 Hz bandpass filter used in the receiving system and the signals
were amplified to utilize the full dynamic range of the A/D converter.

4.5 ANALOGUE-TO-DIGITAL OONVERSION

After the reverberation signals were reproduced, filtered and amplified,
each data channel was converted to a digital signal at a rate of 1024 samples’
sec. This sample rate was 4.7 times the center frequenty of the 220 Hz band-
pass filter output and approximately 3.7 times the highest frequency present
in the LFM reverberation data. The sampled data were quantized into 4096
levels and were represented in digital format by a 12 bit word. The signal-
to-quantization noise ratio was about 69 dB.

Data were recorded on digital tape synchronized to the threshold detec-
tion of the synchronizing pulse that was initiated on each transmitted pulse.
All data channels were sampled at the same rate with a time delay of 20 usec
between samples on adjacent channels. That is, after the synchronizing pulse
was detected, 20 usec later the first data channel was sampled. Due to the
1024 sample rate, there was the possibility of having a + 1/1024 sec time dis-
placement error in detecting the synchronizing pulse.
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CHAPTER 5

DIGITAL PROCESSING OF REVERBERATION SIGNALS

5.1 TINTRODUCTION

Prior to computing the Doppler spectra of the reverberation, the digit-
ized data were “divided into data sets. The reverberation returns from the
1000 msec pulsed CW waveforms formed the primary data sets for the spectral
analysis.

Firstly, the sets were formed by segregating the data according to acous-
tic frequency angle of incidence and angle of scatter. Since there were eight
hydrophones to receive the reverberation and four frequencies were transmitted
at each of the four angles of incidences, there were a total of 128 reverbera-
tion data sets.

A reverberation data set consisted of M reverberation returns from the sea
surface. That is following the transmission of a 1000 msec pulsed CW signal,
a reverberation return was received. After a time delay of 10 sec between
transmission, another 1000 msec waveform was transmitted and a second rever-
beration return was received. Because the spatially random sea surface was
also time varying, the second reverberation return differed from the first.
Then for M transmissions of the same waveform there were M nonidentical random
reverberation returns. Each return constituted a sample record from the ran-
dom reverberation process. In statistical nomenclature, the random reverbera-
tion process was represented by an ensemble of sample records for which there
could be assigned a probability measure [5—1]. Since the experiment was per-—
formed under stable wind conditions, the data sets were homogeneous, i.e., the
data came from the same parent population.

Each Doppler spectrum was computed from sampled values obtained as a func-
tion of time "along a reverberation record."” Thus, for M reverberation rec-
ords that were M computations of Doppler spectra in a data set. This method
contrasts with the possibility of computing spectra from sampled values
obtained "across the ensemble" at some specified time. The latter method is
most appropriate for random processes that have statistical properties that
depend on absolute time, i.e., processes that are nonstationary.

Generally, reverberation is a nonstationary process which can be readily
observed by the gradual decrease in reverberation intensity with range (time).
The nonstationarity is introduced through beampattern effects, variation in
surface scattering strength with incident angle, and increasing propagation
loss with range to points on the scattering surface. However, in this experi-
ment the reverberation processes were tactfully assumed (without validation)
to be stationary. The justification for this assumption was based on both
acoustical and geometrical considerations. Firstly, the length of the trans-
mitted pulse allowed complete and continuous insonification of the scattering
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surface that was defined by the beamwidth confined the scattering area to such
an extent that there would be negligible variation in sea surface. Thus, at
each angle of incidence the reverberation was consideration "locally station-
ary" [5-2]. For this experiment, local stationarity meant that the statistics
(at least through the second order) remained invariant with positive and neg-
ative time translations (+T) about an absolute time t), where t; was ap-
proximately equal to the two way travel time to and from the insonified sea
surface plus one-half the transmitted pulse length. Thus, the Doppler spectra
were computed from sampled values obtained over a "time window' in which the
‘ata were considered a stationary random process. The data samples used in
the power spectral density computations were obtained over 870 msec time win-
dow following the onset of reverberation from the sea surface.

From the sampled data, the Doppler spectra were computed using the dis-
crete version of the Fourier transform (DFT). A fast Fourier transform tech-
nique (Singleton's) was used to efficiently compute the DFT. Since the rever-
beration returns were nonidentical, the Doppler spectra computed from each of
the transmissions also differed. What was obtained from each transmission was
a spectral density B(f) whose ensemble estimated the true spectral density
D(f) of the random reverberation process.

The remainder of this chapter describes the digital signal processing pro-
cedures that led to an estimate of the true Doppler spectra. Included in the
procedure is a technique that removed from the data samples a strong periodic
component. The periodic component, at the difference frequency, was intro-
duced into the data by interference from electrical pickup and a direct path
arrival. Following the removal of the periodic component, the data samples
were Hanning weighted to reduce frequency leakage (sidelobes) in the frequency
domain. Also described is the variance reduction procedure obtained by ensem-
ble averaging the power spectral densities generated from each transmission.
Finally, the Doppler shift, the Doppler bandwidth, and coefficien: of varia-
tion computations are described.

5.2 DOPPLER SPECTRA ESTIMATES

5.2]1 FORMULATING THE DISCRETE FOURIER TRANSFORMS

The Doppler spectra estimates were obtained via the discrete version of
the Fourier transform. To avoid unnecessary confusion of having superfluous
indices that identify transmit frequency angle of incidence -and angle of scat-
ter, the reverberation records will be indexed for sample record and for the
sample within the record. This will result in no loss in generality and the
other indices can be appended. Let r,(j), j=0,1,...,N-1 be samples from the
kth sample record of the locally stationary random reverberation sequence.

k indexes the total of M sample records (reverberation returns) within a data
set. Before computing the discrete Fourier transform of each sample recorder,
the data samples were weighted by a data window w(j), j=0,1,...,N-1 to form
the product rp(j)w(j). The discrete Fourier transform for the weighted
samples was evaluated from
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N-1
A () = & z r (w(ide
1=

Simie/N o1, N1 (5-1°

As j indexes time in ri(j), n indexes the frequency of the Fourier coeffi-
cients A (n). That is, the time associated with the jth sample is

t=j(At); and likewise, the frequency associated with the nth frequency point
is M/NAt. Where At has beendesignated the sampling period (1/1024 sec).

From the properties of the discrete Fourier transform (see, for the time
domain with period NAt; and similiarly, the Fourier coefficients are periodic
in the frequency domain with period 1/At. For each reverberation return, the
sample record consisted of 900 samples which resulted in a record length of
NAt = 878.9 msec. Ordinarily, this would give a frequency spacing for the
Fourier coefficients every 1/NAt = 1.14 Hz. However, more finely spaced esti-
mates for the Fourier coeeficients were desired. The closer spaced estimtes
were obtained by 'padding" the sampled data with a number of zeros equal to
the number of data points. Thus, the record length was artificially increased
in time to a length of 2NAt and the frequency spacings decreased to 1/2NAt.
The discrete Fourier transform was then given by

2N-1 ..
5Lt (e TmIVIN (5-2)

3=0

l'-‘

A;(n) =

N

The Fourier coefficients were estimated every 0.57 Hz. To obtain the power
spectral density of each sample record, the magnitude of the Fourier coeffi-
cients were squared, or

B(E ) = B(at) |A ()%, (5-3)

where P is a factor (2.67) which accounts for the loss of power in the data
due to the (Hanning) window. Also, the frequency spacing is

f =

n
n m,n-‘O,l,...,N-l

The Doppler spectra estimates D(f) were obtained from ensemble averaging the
periodograms, i.e.,
M

"~ __]; -~ -
D(fn) = ¥ k§1 Bk(fn), k=1l,...,M . (5-4)

5.22 CHOICE OF DATA WINDOW

The Doppler spectra were computgd from reverberation sample records of
finite length. That is, each reverberation record consisted of 900 samples
from the random reverberation sequence. Since it is well known in Fourier
analysis that the transform on data of finite length will generate sidelobe
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leakage effects. The leakage results from the assumption that the data being
transformed is zero outside the interval of the truncated sample record. By
truncating a sample record, it is in effect multiplying the data by a window
that is unity over the record length and zero elsewhere.

The effects of the data window can be seen from the convolution integral
5-3 . Consider the transform of a continuous sample record r(t) which is
multiplied by a data window w(t) such that

g(t) = r(t)w(t) |, (5-5)
and
+ _.zf
G(£) = J r(t)w(rde *™tqe . . (5-6)

The determination of G(f) can be simplified by noting that multiplication in
the time domain is equivalent to convolution in the frequency domain, or

+o

G(£) = [ R(E') W(E-£') af' (5-7)

-<0

where R(f) and W(f) are the respective transforms of r(t) and w(t). If a
sample record were simple truncated then the data window is given by

Yl -t <t<<+T
wlt) 0 elsewhere ’ (5-8)
and then
(- -] . f

W(E) = [ w(e)e *2Mtg,

-0

i ft
2T sin 27 (5-9)

2nfT

Thus, the effect of a rectangular window is to cause the familiar sinc x =

sin x/x pattern in the frequency domain. From (5-7), G(f) can be written as
B

2T sin 2n(f-f")T
m(£-£')1

400
G(F) = [ R(EY)

df' . (5-10)

I1f the sample record r(t) were a sinusoidal wave at frequency f,, then the
spectrum of g(t) would consist of the sinc patterns centered at frequencies +
f,. For short time records (small T) the spectral energy would be distrib-
uted over a broad spectrum of frequencies and conversely, for long time rec-
ords (large T) the energy would be distributed over a narrow spectrum of fre-
quencies. Quantitatively, the bandwidth of the spectrum, defined between the
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half power points, is .88/2T for the rectangular window. Also, the level of

the first order sidelobes are 13.3 dB down from the mainlobe level. Various

data windows have been purposed to reduce the sidelobes in the frequency do-

main that are associated with the rectangular window. The Hann window offers
a good compromise between decrease in energy leakage and increase in spectral
bandwidth and was used to weight the reverberation sample records.

The Hann window is given by

1 Tt
3 (1 + cos ;—), ~T<t<T

0 elsewhere. (5-11)

w(t) =

The center of the sample record has a weight of unity and the weighting func-
tion decreases with a cosine shape to zero at each end of the record. From
the Fourier integral and (5-11), the transform of the Hann window is

1 1

W(E) = {8in 27 fr . sin 2t (f - 27) N sin 2ut(f + 27) (5-12)
2 4ut (£ - 1—) Gut (£ + 1—)
2t 2

The Hanning spectral window consists of the summation of three sinc functions
with the mainlobes displaced from each other by the reciprocal of the window
length 1/2t. The amplitude of the center mainlobe is twice the amplitude of
the adjacent mainlobes. The effect of the summation is to reduce the overall
sidelobe levels at the umwanted expense of increasing the bandwidth of the
mainlobe. The first order sidelobe levels are 31.5 dB down the level of the
rectangul ar spectral window. However, the width of the mainlobe has increased
to 1.44/2t. Since the Hanning weights were applied to reverberation records
of length 21 = 878.9 msec, the spectral resolution (defined between half-power
points) was 1.64 Hz. The Hanning spectral window can be observed in the spec-
trum of the reference signal (see Fig. 5-3).

The terms of the digitized data ry(j), the Hann data window w(j) can be
expressed as

w(3) =3 {1 + cos [an(i - Bhy/a-n)  §=0,1,...,81 . (5-13)

The Hann window can be easily implemented in the frequency domain by convolu-
tion with the sequence -1/4, 1/2, -1/4.

5.23 STATISTICAL CONFIDENCE OF DOPPLER SPECTRA ESTIMATES

Due to the finite number of power spectral densities computed in each data
set, there was an uncertainty as to how well the Doppler spectra estimate D(f)
estimated the "true" Doppler spectra D(f) of the reverberation process. If it
is assumed that the reverberation samples have a Gaussian probability demnsity
function and are uncorrelated, then from 5-4 , the power spectral density
D(f) has a chi-square distribution with n degrees of freedom. The equivalent
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degrees of freedom can be written in terms of the average spectral estimate
E{D(f)} and the variance of the spectral estimate Var {D(f)}, or

2 ~
- 2E {xo} (5-14)

Var {B(f)}

The average spectral estimate is equal to the convolution of the tube spectrum
D(f) with the spectral window |W(£)|2 [5-5]. The variance of the spectral
estimate depends on the autocorrelation of the data window, the number M of
spectra in the ensemble average and the percent of overlap in the data windows
[5-6]. For the processing of the reverberation records, there was no overlap,
and under that condition, the equivalent degrees of freedom was equal to twice
the number of spectra in the ensemble n=2M. The confidence interval for the
Doppler spectra D(f), which was based on the spectra estimate D(f), was calcu-
lated from the chi-square distribution by

nB(f) < D(f) < nB(f)

Prob 2
xn;a/z Xn;l—a/z

= l-a, (5-15)

where 1-o is the confidence interval, and xi;a/z is the 100 a/2 percentage
point of the chi-square distribution.

To know with a 90% confidence that the true Doppler spectra D(f) fell
within a 3 dB spread of the estimated spectra D(f) required 50 degrees of
freedom for the estimate. Thus, an ensemble average of 25 spectra was
required.

5.24 REMOVAL OF SINUSOIDAL INTERFERENCE

Observation of the reverberation data revealed that there were three dif-
ferent sources of interference. Two of the sources involved water-borne
arrivals--a direct path and a bottom scattered arrival. The third source of
interference was caused by electrical pickup of the difference frequency dur-
ing transmission.

To resolve the various multipath interferences, 25 msec CW pulses were
transmitted at each angle of incidence and acoustic frequency. As an example,
the received signals from the 25 msec transmitted pulses at a 7 kHz transmit
frequency (bandshifted to 220 Hz) and an incident angle of 20° is shown in
Fig. 5-1. The reference pulses (see CHAPTER 3), which were processed by an
identical receiving channel as the hydrophone outputs, are the top trace (a).
The lower eight traces are from the hydrophone channels. Four transmit pulses
are shown and 156 msec of time is shown following each of the transmissions.
(The receiving system gain is not the same which accounts for the differences
in levels from channel-to-channel.)

The following observations can be made by referring to the output of
hydrophone 8 (trace (b)): there is a direct path arrival prior to the onset
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Figure 5-1. Traces from Four Transmitted 25 msec Pulses with 156 msec
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- the Output of the Reference Channel and Traces (b) through
(1) are the Respective Hydrophone Outputs, H3 through
HY (see Fig. 2-2).
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of surface reverberation and the surface reverberation is followed by bottom
scattered arrivals. The direct path is seen to have a constant level at each
transmission. Referring to the other hydrophone outputs, the level of the
direct path varies with hydrophone as seen by its absence on hydrophones 1 and
2 (traces (h) and (i), respectively). The amplitude fluctuations of the sur-
face reverberation is more observable on the longer transmitted waveforms.

For the 1000 msec transmitted CW pulses, the pulses used in the computa-
tion of the Doppler spectra, the interference signals will overlap the desired
surface reverberation. Thus, the surface reverberation returns will be con-
taminated, The received signals from 1.0 sec transmissions at a frequency of
7 kHz (bandshifted to 220 Hz) and a 20° incident angle is shown in Fig. 5-2.
As in the previous figure, the top trace is the 1.0 sec reference signal and
the lower eight traces are the received signals at the hydrophone outputs.
Referring to hydrophone 8 (trace (b)), initially the direct path is observed
and then after approximately 40 msec the reverberation predominates. The
received signals on all hydrophone outputs last for approximately 80 msec
beyond the end of transmission. Due to the close proximity of the hydrophone
array to the parametric array, the last 80 msec of received signal is surface
and bottom reverberation.

At the 40° and 60° incident angles, the surface reverberation level
was much lower than at 20°, This was due primarily to two factors: a
decrease in surface scattering strength with increasing incident angle and
the increase in propagation loss with increasing distance to the surface.
Thus, the direct path interference becomes more significant at the higher
angles of incidence. Likewise, the electrical pickup interference becomes
more significant.

A least mean square technique was used to remove the effects of the elec-
trical interference, the direct path arrival and also the coherent part of the
bottom scattered arrival. The technique consisted of removing from the total
received signal on each hydrophone a sinusoidal component at the difference
frequency with a least mean square criterion. Let T(t) be the received signal
and A cos (W4t + ¢) be a sinusoidal component adjusted in amplitude A and
phase ¢ such that

(T(t) - Acos(wgt + $))2 (5-16)

was minimized, where T(t) consists of the sumation of an electrical inter-
ference E(t), a direct path D(t), a surface reverberation S(t), and a bottom
reverberated arrival B(t), or

T(t) = E(t) + D(t-ty) + S(t-t)) + B(t-tjp). (5-17)

The times t,, t}, tg are the respective propagation time delays for the
direct, surface, and bottom (t, < t; < ty). Thus, for the time interval
between t) and T, where T is the transmitted pulse length, all interference
signals are represented in T(t). During this time interval, the direct path
and electrical interference signal have added to give a resultant sinusoidal
component with amplitude and phase that is dependent on the amplitude and
phase of the two interfering signals. The bottom scattered arrival cannot be
considered simply as a sinusoidal component since this signal was initially




reflected (and scattered) from the sea surface. Thus, the bottom arrival is

modulated in amplitude and phase by the sea surface (see, for example, [5-7])
and therefore consists of both coherent and incoherent energy. The coherent

energy will add with the interference signals to produce a sinusoidal compon-
ent that can be removed via (5-16).

The removal of the sinusoidal component from the total received signal
will also affect the power spectra of the surface reverberation. This can be
seen by expressing the surface reverberated signal S(t) in a manner similar to
$.0. Rice's treatment of shot effect current [5-8], or

N
s(t) = nil Cncos(wnt—¢'n) , (5-18)

where ¢,,...,0,, are phase angles having a random distribution over 0 to 2
radians and the amplitudes C, are related to the power spectrum P(f,) of

the reverberation by
Ch = V2AfP(£,) , (5-19)

and where
Wy, =mf, = MoAf .

It can be seen that when the frequency in the reverberation band is the same
as the transmitted difference frequency that this component will also be
removed by (5-16).

The sinusoidal component that contaminated the surface reverberation data
was removed by finding the best fitting sinusoid that minimized the energy in
the total received signal. The actual procedures are described in APPENDIX A
and the effects of the removal are discussed in SECTION 5.5.

5.25 LINEAR FREQUENCY MODULATED WAVEFORMS

A further attempt was made to isolate the surface reverberation from the
direct path, electrical interference, and bottom reverberation. The proce-
dure involved the transmission of linear frequency in the waveform; such that
multipath arrivals arrive at the receiver with not only time delay differ-
ences, but also with frequency differences.

By transmitting LFM waveforms with 100 Hz bandwidths and 500 msec pulse
lengths; and using appropriate signal processing techniques, it was possible
to isolate the multipath arrivals in frequency and obtain the Doppler spectra
of the reverberation. The center frequencies of the transmitted waveforms
were the same as the pulsed CW waveforms - 3.5, 5.0, 7.0 and 9.0 kHz. The
received reverberation, which included possible multipaths were digitally
multiplied by a reference LFM waveform. The resulting time series was Hanning
weighted and Fourier transformed to obtain power spectral density estimates.
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Appendix B describes the technical procedures and results in estimating
the Doppler spectra of the reverberation using LFM waveforms. Although the
technique was only partially successful in estimating Doppler spectra, the
technique may be advantageous in isolating multipath arrivals in other propa-

gation experiments.

5.3 DOPPLER SHIFTS AND BANDWIDTHS

As described in SECTION 5.21, the Doppler spectra B(f) were computed by
ensemble averaging 25 spectral estimates, The spectral estimates, which were
based on (5-2) and (5-3), were computed from the reverberation returns of 25
consecutive transmissions of the 1000 msec CW pulses.

The Doppler spectra were then normalized by computing the fractional power
in each frequency cell f,, or

D(fn)

P+Q
y Bee )

n=P

ﬁN(fn) = (5-20)

vwhere in the denominator, the summation gives the total power in the reverber-
ation Doppler spectra, and BN (f,) is the normalized Doppler spectra. As
indicated in the summation, the frequency band extends from fp to fp+q-

The normalized Doppler spectra was expressed in decibels as

10 log Dy(£y) (5-21)

For each Doppler spectra, two parameters were computed: the Doppler shift

frequency and the Doppler bandwidth.

The Doppler shift frequency was defined as the difference between the sym-
metrical power frequency fsp and the transmitted difference frequency fy4,

or
fag = fsp - fg4 - (5-22)
The symmetrical power frequency is the frequency at which 50% of the power

is above and below and was computed from

P+S 1 P+Q
y Be(f) =5 ¥ DCE) . (5-23)
n=p n=p

The upper limit of the left hand summation defines the symmetrical frequency
fsp and the right hand summation gives the total reverberation power.

The Doppler bandwidth was obtained by summing spectral estimates at fre-
quencies symmetrical about the Doppler shift frequency f4g until half the
reverberation power was computed. Thus the bandwidth 2 f, can be defined as




si W 1 PEQ
D.(f) == D (f) . (5-24)
n=S-W N ' 'n 2 n=p N' n

'

5.4 REFERENCE SIGNAL POWER SPECTRUM; EXAMPLE OF

The generation and subsequent conditioning of the reference signal has
been discussed in CHAPTERS 3 and 4. As noted, the reference signal has the
same pulse length and frequency as the difference frequency generated by the
water nonlinearities. Also, the reference signal was conditioned by the same
receiving system as the hydrophones and analogue recorded and digitally pro-
cessed in the same manner as the reverberation signals. Therefore, the refer-
ence signal served as a monitor for the tape recording and playback frequency
instabilities, and for checking processing errors incurred by the reverbera
tion signals.

The power spectral density (in decibels) of a reference signal is shown
in Fig. 5-3. The spectrum was obtained from the reference signals recorded
at a 20° incident angle and a 7 kHz transmit frequency. The location of
the spectral peak has been referred to a frequency of 0.0 Hz and the spectral

; estimates are spaced every 0.57 Hz. The spectrum was obtained from records
878.9 msec long and the data samples were Hanning weighted. The spectral
shape is in good agreement with the Hanning spectral window which should have
a half-power bandwidth of 1.64 Hz and first order sidelobes 31.5 dB down from
the peak value.

5.5 REVERBERATION DOPPLER SPECTRA, EXAMPLES OF

The effects of removing a sinusoidal component from the received signal
can be observed in the reverberation Doppler spectrum of Fig. 5-4. Also shown
in the Figure legend are the computed Doppler shift and bandwidth as obtained
] from (5-21), (5-22), and (5-23). The spectrum was computed by ensemble aver-
aging the power spectral density of 25 reverberation returns of the 1.0 sec
transmitted CW pulses at an incident angle of 20° and a transmitted fre-
quency of 7 kHz.

A "notch” of approximately & dB can be observed in the Doppler spectrum at
the transmitted frequency. As in the previous example (Fig. 5-3), the trans-

3 mitted frequency has been referred to a frequency of 0.0 Hz. The notch is a
result of not only removing energy due to the interference signals, but also
from the removal of energy from the surface reverberation. At frequencies

displaced from the transmitted frequency, the spectral estimates are due to

‘ the surface reverberation. The spectral estimates at the transmitted fre-

3 quency and at the adjacent frequencies have been curve fitted to represent

the spectral estimates due to surface reverberation. The curve fitted spec—
tral estimates are shown by the open circles. Examples will now be cited
which do and do not have multipath interferences, and it will be shown that
simple curve fitting of the spectral estimates about the transmittec frequency
is a realistic representation of the surface reverberation Doppler spectra.
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Figure 5-3. Power Spectral Density of Reference Signal Recorded
During Transmission of 7 kHz CW 1000 msec Pulses at 20°
Incident Angle.
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Figure 5-4. Doppler Spectrum of Reverberation Received on Hydro-
phone H8 (Scattering Angle 34,90) for a Transmitted Frequency
of 7 kHz and an Incident Angle of 200, Open Circles in
Vicinity of 0 Hertz were Curve Fitted where Sinusoidal
Component was Removed.
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Figure 5-5. Doppler Spectrum of Reverberation Received on Hydro-
phone H8 (Scattering Angle of 34.90) for a Transmitted
Frequency of 7 kHz and an Incident Angle of 20°. No
Sinusoidal Component was Removed from Data.
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As mentioned previously, in respect to the direct path interference shown ]
in Fig. 5-1, the direct path interference on hydrophone Hl was negligible in ),
comparison to the direct path interference on hydrophone H8. The Doppler spec- “
tra for these two hydrophone outputs are shown in Figs. 5-5 and 5-6. No si-
nusoidal component has been removed in either of these spectra., The direct

path interference can be seen at the transmitted frequency on hydrophone H8
and its absence is evident on hydrophone Hl. The spectral estimates in both
figures are nearly the same, except for the obvious spectral estimates ef-~
fected by the direct path interference.

The Doppler spectra in Figs. 5~4 and 5-5 are for the same hydrophone out-
put (H8) except that the direct path has been removed in Fig., 5-4 by the least
mean square criterion discussed in Appendix A. The Doppler spectra shown in
Fig. 5-7 is the same as Fig. 5~6 except that a sinusoidal component was sub- d
tracted from the data. Since there was no direct path interference on the
hydrophone, the "notch"” in Fig. 5-7 was due primarily to the removal of sur—
face reverberation energy. It can be observed that the curve fitted spectral
estimates in the vicinity of the transmitted frequency is in good agreement
with the spectral estimates of Fig. 5-6.

5.6 COEFFICIENT OF VARIATION OF SPECTRAL ESTIMATES

The Doppler spectra estimates B(f,) were computed by ensemble averaging
the power spectral density estimates By (f,) as given by (5-4). A measure
of the variability of the estimates By (f,) can be obtained by computing
the coefficient of variation CV as defined by

=,/Var[3(fn)] (5-25) ;
s[8ce)] :

cv

where in (5-25) CV is the ratio of the standard deviation of the estimates at
frequency location f, to the average spectral estimate found at the same
frequency. The coefficient of variation is a relative measurement which ex-
presses the variability of the spectral estimate in relationship to the aver-
age estimate,

A typical example of the variability of the power spectral density esti- ,
mates is shown in Fig. 5-8 where 10 log (CV) has been plotted. This example s 3
describes the spectral variability for the Doppler spectra estimates given in
Fig. 5-4. The standard deviation of the spectral estimates can be obtained :
from Figs. 5-4 and 5-8 via i

10 log Vvar[B(£)] = 10 1og v + 10 log (E[B(£)]). (5-26) i
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Figure 5-6. Doppler Spectrum of Reverberation Received on Hydro-
phone H1 (Scattering Angle of 27.10) for a Transmitted
Frequency of 7 kHz and an Incident Angle of 20°. No
Sinusoidal Component was Removed from Data.
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Figure 5-7. Doppler Spectrum of Reverberation Received on Hydro-
phone H1 (Scattering angle of 27.10) for a Transmitted
Frequency of 7 kHz and an Incident Angle of 200,
Sinusoidal Component has been subtracted
from Data.
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CHAPTER 6

DOPPLER SPECTRA RESULTS

6.1 BACKGROUND

A time period of approximately eight hours was required to obtain a com-
plete acoustic and oceanographic data set. Prior to the acoustic measurement
period, the oceanographic information was gathered with the hopes that the sea
surface statistics would remain stationary throughout the measurement period
for the Doppler spectra. Although the sea surface statistics could not be
measured with the simultaneous acoustic measurements, wind speed and direction
could be monitored throughout the eight hour period. The Doppler spectra re-
sults were obtained under stationary meteorological conditions.

During the measurement period the average wind speed was about 5 m/sec and
the prevailing wind direction was from a westerly sector. Since the paramet-
ric array was aimed on a bearing of 278° (relative to magnetic north), the
acoustic energy was transmitted into the wind. The sea surface consisted of
sea waves generated by local winds with some low amplitude swell from a remote
storm. The spectral energy on the sea surface was concentrated in a sea wave
spectrum (see CHAPTER 8) which had maximum energy at frequencies in the vicinm
ity of 0.27 Hz. The propagating direction of the frequency component of maxi-
mum power was at an angle of about 35° from the maximum response axis of the
parametric array. The directional spectrum of the other surface wave frequen-
cies was also concentrated close to the sector of acoustic transmission. The
sea surface RMS wave height was 8.7 cm.

In terms of the acoustic wavelengths and transmit receive geometries, the
apparent roughness [@—1] of the sea surface G can be expressed as

‘/—=-27ﬂg(cos 0+ cos ¢ , (6-1)

where A is the acoustic wavelength, O is the RMS wave height, & and ¢ are the
respective angles of incidence and scatter - both measured from the normal to
the sea surface. G is sometimes referred to as the Rayleigh roughness param-
eter. A surface is considered smooth if G <<l; and likewise, is considered
rough if the converse is true. In the experiment G ranged from about 1.5 to
40 depending on the transmitted frequency and acoustic geometry. The surface
appeared smoothest at a 3.5 kHz transmit frequency and at a 60° incident
angle; and appeared roughest at a 9 kHz transmit frequency and at the near
normal incident angle of -4.79,

Visual observation of the sea surface showed that there were no white caps
present. Also, using acoustic techniques to measure the time varying surface
wave heights (CHAPTER 7) showed that there was no near surface bubble layer to
affect the surface reverberation.
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The data gathering sequence began at an incident angle of -4.7° with the
transmission of three waveform types at difference frequencies of 9.0, 7.0,
5.0, and 3.5 kHz. The parametric array was then rotated to incident angles
of 20, 40, and 60° and the same waveforms and frequencies were transmitted.
Doppler spectra were computed from the reverberation returns from the 1000
msec pulsed CW waveform. Using signal processing techniques described in the
previous chapter, the spectra were computed at a frequency resolution of 1.6
Hz and the 90% confidence limits of the spectral estimates were approximately
+1.5 dB,

Not all of the Doppler spectra and their associated coefficients of vari-
ation are presented in this chapter. However, APPENDIX C does contain the
spectra and coefficient of variations obtained on hydrophones H1 and H8 at
each transmitted frequency and angle of incidence.

6.2 DOPPLER SPECTRA AT NEAR NORMAL INCIDENCE

With the parametric array trained at the sea surface at an incident angle
of -4.7°, the energy reflected and scattered in the specular direction was
received on the hydrophone array. The specular angle was computed to hydro~
phone H4 and was based on the horizontal separation between parametric and
hydrophone arrays and their vertical distances to the sea surface. An indi-
cation of a specular reflection is when the Doppler spectrum of the received
signal is symmetrical about the transmitted frequency [5-7]. The best example
of a specular reflection was obtained on hydrophone H1l (scattering angle
4.19) at a transmitted frequency of 9 kHz which is shown in Fig. 6~1. The
computed Doppler shift was 0.0 Hz which indicates the symmetry in the spec-
trum. Note that the transmitted frequency has been referred to a frequency of
zero Hertz, The Doppler bandwidth was 3.4 Hz between halfpower points and the
spectrum was Gaussian in shape. The Doppler spectra obtained at other trans-
mitted frequencies shows that the spectral bandwidths increase with increasing
frequency (Fig. 6-2). The spectra were measured at a scattering angle of ]
4.1°, There was a slight Doppler shift (slight, in comparison to shifts at ’
20° incident angle) of approximately 1.1 Hz. The bandwidth of the 3.5 kHz
spectrum was approximately one-third the bandwidth of the 9 kHz spectrum.
Also, there was negligible difference in the spectra measured at the other
scattering angles.

il i

6.3 DEPENDENCE OF DOPPLER SPECTRA ON INCIDENCE ANGLE ‘

Asymmetry was introduced into the character of the Doppler spectra as the
incident angle was rotated to 20°, The reverberation Doppler spectra not
only became asymmetrical, but the bandwidth of the reverberation also in- ‘-
creased significantly. The Doppler shift at a 20° incident angle and at a
transmitted frequency of 7 kHz was 6.3 Hz for a scattering angle of 27.1°
(Fig. 6-3). The Doppler shift was approximately equal to the 6.8 Hz bandwidth
of the reverberation. There was further asymmetry in the spectrum as shown by
the peak in the power spectral density in the frequency band around 11 Hz.
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Figure 6-~1: Doppler Spectrum Obtained at a 9 kHz Transmitted
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and at a Scattering Angle of 4.10,
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Figure 6-2: Doppler Spectra Obtained at the Four Indicated
Transmit Frequencies, at an Incident Angle Near Normal
(-4.7%), and a Scattering Angle of 4.19.
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Figure 6-3: Doppler Spectrum of Reverberation Obtained at an
Incident Angle of 200, a Scattering Angle of 27.19,
and at a Transmitted Frequency of 7 kHz.
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The measurement of a positive Doppler shift was in agreement with the
direction of propagation of the sea waves. Although simple resonance theory
was not directly applicable at these large Rayleigh roughness parameters
(which was greater than 20 for 7 kHz at 20°), the theory predicted a posi-
tive Doppler shift at a frequency of 3.7 Hz.

The dependence of the spectra on incidence angle can be observed by keep-
ing the frequency constant. Typically, the spectra measured as a function of
incidence angle showed that the reverberation bandwidth decreased with in-
creasing incident angle. Using the 9 kHz transmitted frequency as an example,
the spectral variation with incidence angle can be observed from Fig. 6-4.

The spectral bandwidth was a minimum at near normal incidence and a maximum
at an incident angle of 20°., As the incident angle increased the spectral
bandwidth drops off accordingly. .

6.4 DEPENDENCE OF DOPPLER SPECTRA ON SCATTERING ANGLE

Regardless of transmitted frequency or angle of incidence, the spectra
measured as a function of scattering angle showed little variation in spec-
tral shape or computed Doppler shifts and bandwidths. As an example, the
f spectra shown in Fig., 6-5 were measured at a frequency of 5.0 kHz, at an
| incident angle of 20°, and at three scattering angles separated by approxi-
mately 4°. The spectral shapes are nearly identical with Doppler shifts of
2.3 Hz and bandwidths of 3.4 Hz.

6.5 OCOEFFICIENT OF VARIATION

The coefficient of variation expresses the variability of the spectral
estimates in relationship to the average spectral estimate. The coefficient ]
of variation should be a constant and equal to unity (0 dB) if the spectral
estimates were computed from reverberation samples that have Gaussian proba-
bility distribution with zero means [6—2]. From (5-14) and (5-25) shows that

| cV = \/—g , (6-2)

where n is the number of degrees of freedom. Each spectral estimate has two
degrees of freedom such that CV = 1.

w

In Fig. 6-6, 10 log CV is plotted for each spectral estimate obtained from
data at a 7 kHz transmit frequency and an incident angle of 20°, Note that
in the vicinity of zero Doppler that the coefficient of variation is averaging
about 0 d3. However, at higher and lower Doppler frequencies, 10 log CV is
approximately 6 dB.
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Figure 6-4: Doppler Spectra Obtained at the Four Indicated
Incident Angles, and at a Transmitted Frequency of 9 kHz.
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CHAPTER 7

ESTIMATION METHODS FOR DETERMINING THE DIRECTIONAL CHARACTERISTICS
OF THE SEA SURFACE FROM A LINE ARRAY OF
WAVE HEIGHT SENSORS

7.1 INTRODUCTION

One of the main difficulties in predicting surface-scattered acoustic
fields has been due to the inadequacy of information about the pertinent sta-
tistics of the sea surface during the acoustic experiment. Often indirect
measurements, such as a simple observation of sea state or anemometer readings
of wind speed sufficed in indicating the condition of the sea.

Justification for wind speed as an envirommental meacurement in support

of acoustic data was based on the grounds that the turbulent flow of air above
the sea generated the surface waves. However, wind speed by itself was only
of limited usefulness because the linear extent over which the wind blows (the
fetch), and the time for which the wind blows (the duration) also determines
whether a sea will fully develop. Furthermore, wind speed can be an erroneous
indicator of sea conditions when swell waves have propagated to the measure-
ment area from distant storms,

More recently, acoustic data have been accompanied by surface RMS wave
height or one-dimensional power spectral density as envirommental support
data. The most prevalent measurement technique used capacitive or resistive
probes (staffs) to measure time varying wave height at a discrete point on
the sea surface. In shallow water the probes were generally mounted to fixed
platforms and in deep water to floating buoys. Other sensors include pressure
transducers mounted on the ocean bottom, inverted echo sounders, electromag-
netics, and accelerometers. All the sensors that measured wave height at a
discrete point were omnidirectional; and the measured wave height consisted of
the summation of surface waves arriving from various directions.

Although the directional wave spectrum (or an equivalently coordinate
transformed spectrum) is a required input to Doppler spectra scattering models
[7—1], to my knowledge, the measurements of both reverberation and surface
wave directionality have not been performed simultaneously. However, isolated
measurements of surface directionality have been obtained, and the most common
technique employs an arrey of sensors that simultaneously measures wave height
at a number of discrete points cn the surface. Arrays of probes [7—2], pres-
sure transducer arrays [7—3, 7—4], free floating buoys [7—5], and stereo
photograph [7—6] have been used to estimate the directional spectrum of the
surface.

In this chapter the measurement techniques and estimation methods are de-
scribed for obtaining the directional spectrum of the surface waves from a
sparse line array of wave height sensors. The directionality was computed
from a spatial transform of a cross-spectral density matrix obtained from all
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combinations of sensor pairs. (The inverse of the spectral matrix was used in
the high resolution method.) The cross-spectral densities were computed via
FFT techniques with segment weighting and overlapping to reduce frequency
leakage and spectral estimate instability. Three methods were used to obtain
the directionality of the waves. Two of the methods can be classified as con-
ventional 'delay and sum' techniques which differ by the location of the
weights. One of the conventional methods has a spatial weighting of unity at

each sensor position;, whereas, the other conventional method has a spatial lag
weighting of unity at each unique separation distance between sensor posi-
tions. The third method is a high resolution technique which was based on a
maximum likelihood criterion.

The spatial lag weighting metho¢ of obtaining directional estimates has
been described by Barber [7-f] for sea surface waves and by Nuttall and Carter
[7-8] for the processing of ambient noise. The spatial weighting and the high
resolution method have been successfully applied to the processing of seismic
waves by Capon [7-9, 7-10].

The wavenumber resolution of both conventional methods is limited primar-
ily by the natural beampattern of the array. However, the resolution of the
maximum likelihood method is limited primarily by the signal-to-noise ratio
and not simply by the beampattern of the array configuration. For the high
signal-to-noise ratios of the wave height data, the estimate of the direc-
tional spectrum based on the high resolution method was superior to either of
the conventional methods.

Before describing the estimation methods and digital processing proce-
dures, a brief description is given of the acoustic wave height measuring
system which is further described in Appendices D and E. The spectral prop-
erties of the sea surface waves that are pertinent to the development of the
directional wave spectrum is given considerable attention.

7.2 LINE ARRAY SENSOR SPACING AND ORIENTATION

The line array consisted of five upward-looking transducers with sensor
spacing and orientation as indicated in Fig. 7-1. The horizontal line array
was supported by the tower (see Fig. 2-2) at a depth of 3 m below the mean
low tide surface elevation; and oriented on a bearing of 008° with magnetic
north.

Each transducer in the array was pulsed and the surface reflected signal E
was received. The wave height variations above each transducer were extracted
from the pulse length modulated waveforms. The transducers were not equi-
spaced in the array, but were spaced such that there would be a maximum number ‘e
of contiguous separation distances between all combinations of sensor pairs.
A minimum separation distance of 30.5 cm (1 foot) was chosen between the two i
closest transducers. Discrete spacings, at multiples of 30.5 cm, were ob-
tained from the array configuration, to a maximum spacing of 274.3 em. For a
five sensor array, the configuration was optimum for obtaining nine contiguous
separation distances [7—8].
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A priori information was required with the line array to determine from
which side of the array the surface waves were propagating. The front-to~
back ambiguity of the array was resolved by visual observation and by assuming
surface wave generation was confined to an angular sector of +m/2 radians of
the wind direction. The array was oriented broadside to the most probable
wind direction and in a direction with a fetch greater than 45 km.

7.3 ACOUSTIC SURFACE WAVE SENSING SYSTEM

The five upward-looking transducers (inverted fathometers) measured the
time varying wave heights simultaneously at five discrete spots on the sur-
face. The transition region from the near-to-far field characteristics of the
transducers were used to insonify spot sizes on the surface having cross sec—
tional diameters smaller than the 4 cm diameters of the circular piston trans-
ducers.

Each transducer of the wave measuring system was individually and sequen-
tially pulsed with 16 usec, 455 kHz, pulses over separate coaxial cables. The
first transducer was pulsed, switched to a receive mode, and the surface re-
flected signal was received. After a delay of 10 msec from the inicial trans-
mission, the next transducer was pulsed and the surface reflected signal was
received. This procedure continued for each transducer such that the sur-
face was "sampled" at a period of 50 msec above each of the five transducers.
A bistable device (flip-flop) was set on each transmitted pulse and reset by
the initial reflection from the surface. The bistable output pulse length was
modulated by the changing wave height above tte transducer. The wave height
variations were extracted from the pulse length modulation by a low pass fil-
ter having a cut-off frequency of 3 Hz. The Honeywell 5600 tape recorder,
described in Section 4.4, was used to record the five low pass filter outputs.
The outputs were FM recorded at a tape speed of 7.5 inches/sec.

A prototype acoustic wave measuring system was tested prior to implant-
ment in the Sound. A single transducer measured the wave height of sinusoi-
dal waves generated on the water surface of a tank and the results were com—
pared to wave heights measured with a modified micrometer. The acoustic sys-
tem was further tested in the Thames River, CT, by comparing wave height meas-
ured with a resistive wave staff. The system is described in Appendix D which
contains the abstract, text and figures of a paper presented at the Eighty-
Fourth Meeting of the Acoustical Society of America [D-1]. Furthermore, the
electronic design of the five transducer acoustic wave measuring system, with
calibration features, is given in Appendix E.

7.4 SEA SURFACE PROPERTIES

7.41 SOME SPECTRAL PROPERTIES OF SEA SURFACE WAVES

Under constant wind conditions, a fully developed sea can be considered a
stochastic process that is both spatially homogeneous (space stationary) and
temporally stationary. The randomness is often described by Gaussian statis-
tics such that either the spatial-temporal correlation function or the
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directional wave spectrum can completely specify the statistical properties of
the surface. Experimentally, MacKay [7-11] and Kinsman [7-12] have shown that
if the high frequency components are filtered, the remaining low,frequency re~
gime can be described by Gaussian statistics. The departure frgm normality is
usually found in the skewness of the probability density function, i.e., sur-
face waves are not completely symmetrical because the troughs are longer and
flatter than the more peaked crests [7—12].

The height h(x,y,t) of a surface with stationary properties has a correla-
tion function that is independent of absolute position (x,y) and time t and
can be expressed as an ensemble average by

p(X,Y, 1) = <h(x,y,t)h(x+X, y+¥Y, t+1)> , (7-1)

where <*> denotes ensemble average. The correlation function is three-
dimensional and dependent on the differences (X,Y,T) of the spatial and
temporal variables. The correlation also has diametrical symmetry,

p(-X,-Y,-1) = p(X,Y,T). (7-2)

It is convenient to view the sea surface as a broadband composition of si-
nusoidal waves (with random amplitude and phases) propagating in various di-
rections with a directional dependence and mean square wave height that is re-
lated to the direction and magnitude of the prevailing winds. The wavenumber-
frequency spectrum of the propagating sinusoidal waves can be expressed as a
three-dimensional Fourier transform of the correlation function

+00
Rlky,ky,£) = IL{ p(X,Y,'r)exp[-iZﬂ(kxX+kyY+f-r)]dXdeT, (7-3)
and, likewise, the correlation function is the inverse transform
+o :
p(X,¥,1) = [[f Rlky,ky,Elexp[i2n(kyXeky¥+ £1)] dkydkydf. (7-4)
—00

The spatial frequencies (wavenumber components) k,, k, are the number
of cycles per unit distance along the respective (x,y) coordinate axis and f
is the number of cycles per unit time at a fixed point in space. The spatial
frequencies are components of the wavenumber k and have the relationship

Wex 2, (7-5)

and in polar coordinates (k,¢),

ky
k

(7-6)

"
=
[¢]
[}
[

L=

(7-1

[}
=
[~]
e

8

b
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The wavenumber k is the number of cycles per unit distance normal to the
direction of propagation and related inversely to the surface wavelength,
k = 1/A, and ¢ is the azimuthal angle measured from the x axis.

There is also a unique relationship between spatial frequency and tempo-
ral frequency. For small-amplitude gravity waves in deep water, the relation-
ship between a particular frequency f, and wavenumber k, is given by the
dispersion equation or ‘

mEL = gk,, (7-8) .

where g is the acceleration of gravity. The equation is less accurate at the
shorter wavelengths because of the oscillatory convection of the short waves
by the longer waves 7-13].

From (7-2) and (7-3), the wavenumber-frequency spectrum also has diamet-
rical symmetry

R(-kx,—ky,-f) = R(ky,ky,f). (7-9)

Although the three-dimensional wave spectrum is the most general, it is
the most difficult to measure experimentally. By integration over the appro-
priate variables, reduced spectra - two and one-dimensional - can be defined
from the three-dimensional. For example, consider a line array along the x
axis that measures the spatial-temporal correlation function p(X,t) for Y = 0,

then
I {
S(kx,f) = Ii p(X,1)exp l—izn(kxx + fT)] dXdt, (7-10)
where
+o
s(k_,£) = _0{ Rk, ks £) dk_ . (7-11)

Since there is a unique relationship between spatial and temporal frequencies,

then,
R(kx,ky,f) = s(kx,f)g(ky - kyo), (7-12)
and from (7~5) and (7-8)
2, & ..
K Jon fo ok 7 (7-13)
2

yo = :\J
g

From the measurement along the x axis it is not possible to determine from
which side of the axis the waves are propagating; thus the ambiguity in the

sign for ky,.
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A one-dimensional spectrum can be obtained by measuring the wave height
at a discrete point on the surface, and can be defined in terms of the three-
dimensional spectrum as

400
P(f) = {i R(kx,ky,f)dkxdky, (7-14)

or as the transform of the temporal correlation function P(T),

400

p(£) = [ p(Dexp[-iznft] dr. (7-15)

-0

The (auto) spectral density P(f) relates the contributions per unit frequency
interval to the mean square wave height 02 regardless of the direction of
propigation (wavenumber components). Thus,

2 400
ot = [ p(£)Ef , (7-16)

and since p(T) is an even function, then P(f) is also real and symmetric about
f =0. It is sometimes convenient to consider positive frequencies so that

[+ 24

o2 =2 [ p(f)at. (7-17)

0

By measuring wave height as' a function of time at a number of discrete
points on the surface, a cross-spectral demsity can be obtained from combina-
tions of sensor pairs. For a line arrav along the x axis, the correlation
function P(X,T) can be expressed as the inverse transform of (7-10), or

400 +0
p(X,T) = _Z[ exp i2MET _;fo s(k_,£)exp [i2mk x ] d [df.  (7-18)

The bracketed term can be considered the kernel of the temporal-frequency
transform, so that

400 +
J stk _,flexp i2mc X dk_ = [ p(X,Texp[-iz2meT] dr. (7-19)
—® X X X _oo

The right side of (7-19) is recognized as the cross-spectrum A(X,f) between
two points on the line array separated by a distance X, or

+ @

AX,E) = [ p(X,Texp [-i2mET] dT. (7-20)

-0




Thus, the two-dimensional directional wave spectrum (wavenumber component-
frequency) is the spatial Fourier transform of the cross-spectral density

+00

s(k_,£) = [ A(X,flexp [-i2mk X] & . (7-21)

-0

In general, the cross—spectrum is complex. From the symmetries of the corre-
lation function and (7-20) it can be seen that

A(-X,f) = A*(X,f), (7-22)
and
A(-X,-f) = A(X,f). (7-23)
Thus, knowledge of the cross-spectrum in one quadrant suffices in determining
the complete function (* denotes complex conjugate).
7.42 SPECTRUM OF A PROPAGATING PLANE WAVE
Consider a monochromatic sinusoidal plane wave of amplitude H propagating

on the surface (see Fig. 7-2) in tle positive (x,y) direction with spatial
frequencies kyq, kyo and temporal frequency f, expressed by

h(x,y,t) = H cos [zﬂ(fot = KyoX — kyoy)] . (7-24)
From (7-1), the spatial-temporal correlation function is
2

p(X,Y,T) = —

cos [2m(£ T - k X - k V)], (7-25)

which is also a cosinusoidal periodic function. The mean square wave height
is given at X=Y=T=0, or 0(0)=H2/2.

For wavefronts propagating parallel to the x axis (ky, = 0), the cor-
relation function is independent of X. That is, wavefronts - without delay -
"pass over" points on the x axis simul taneously. If the plane wave makes an
angle ¢ with the x axis, then the wavefronts pass over each point on the x
axis in sequence. The delay in passing over each hypothetical point depends
on the arrival angle $, the separation between points X, and the phase speed
C(f) of the sinusoid. From (7-25), the correlation function has a peak along
the x axis at a temporal delay T given by

7 0 n=0, +1, #2, . . . . .., (7-26)

and using (7-6),

Teo ., 2 (7-27)
C(E_) 3
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where

f

0

e .
)

c(fo) = (7-28)

The phase speed is known from the dispersion equation for gravity waves (7-8).
For those points on the x axis with known separation, the angle of arrival can
be determined from (7-27) and (7-28). The time interval between crests at a
fixed point in space is the period of the sinusoid.

The wavenumber-frequency spectrum, obtained via (7-3) consists of Dirac
delta functions concentrated at the spatial and temporal frequencies (k

- - X0
Kyos f,) and is given by

2
. - -
R(kx,ky,f) = SCE + £ )8k kxo)G(ky kyo)
+ 8(f - £5)8(ky + kyo)B(ky + kyo)\. (7-29)

The wavenumber component spectrum is shown in Fig. 7-3. The mean square wave
height H2/2 is obtained by summing contributions per unit frequency inter-
val.

The wavenumber-frequency spectrum can also be obtained by a spatial
Fourier transform of the cross-spectral density. From (7-20), the cross-
spectrum, in three-dimensions, is given by

2
A(X,Y,f) = 2 ‘ exp [—Zni(kxox + kon).l §(f - fo)

+ exp [Zni(kxox + kon)] S(f + fo)l ’ (7-30)

The symmetries of the correlation function, cross-spectrum, and wavenumber-
frequency spectrum can easily be verified from the plane wave results.

7.43 EFFECTS OF TEMPORAL AND SPATIAL WINDOWS ON WAVENUMBER-FREQUENCY
SPECTRUM

In the example of the propagating plane wave (Section 7.42), it was as-
sumed that the spatial-temporal correlation function was known for all spatial
and temporal lags. The Fourier transform of the correlation function resulted
in delta functions at the appropriate spatial and temporal frequencies. How-
ever, in a practical situation, the correlation function is not known com-
pletely. What is generally available is a limited time history of wave height
measured at a number of discrete points on the surface. Thus, the correlation
function (and cross-spectrum) are determined from wave height data of finite i
duration and of finite spatial extent. The effect of viewing the surface ‘
through finite length temporal and spatial windows is to smear the power in
frequency with a distribution that is related to the transform of the window
shapes.
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Assume that the correlation function is not known for all spatial and tem-
poral lags, but has values at X,Y,T specified by the spatial-temporal window
w(X,Y,T) so that a modified correlation function is given by

pX,¥Y,t) = p(X,Y,t)w(X,Y,D). (7-31)

Denoting the Fourier transform of the three-dimensional window function by
+o
w(kx’ky’f) = Iff w(X,Y,t)exp [-iZn(kxX + kyY + fr)]dXdeT, (71-32)
-0

then the estimated wavenumber-frequency spectrum is the convolution (see
7-8 )
R(ky kg £) = Rlky kyy£) @ Wlky ky,f). (7-33)

For the case of the plane wave propagating on the surface, the estimated
wavenumber- frequency spectrum is

2
- B - -
ﬁ(kx,ky,f) = 3 Wk, -k, ky kyo, £+ £)
+ Wik, + kxo y ky + kyo, f - £5) . (7-34)

The true spectrum (7-29), which consists of delta functions, is spread over
Ky ky, f space according to the nature of the frequency window W(kx,ky,f). It
is desired to have the power concentrated as close as possible to the spatial-
temporal frequencies surrounding (ky,, Kyo fo), and without high

sidelobes. This requires the window w(X,Y,T) to observe values spread out in
space and time. Actually, W(ky,ky,f) is a measure of the resolving power of
the wave height sensing system. %he frequency window appears in (7-32) as the
transform of w(X,Y,1), and depending on the lag window shape, can take on neg-
ative as well as positive values. Thus, the wavenumber-frequency spectrum can
show negative power under some circumstances.

The effects of windowing are slightly different if the wavenumber-
frequency spectrum is computed via a spatial transform of the cross-spectrum.
For example, if the cross-spectrum is computed directly from the time varying
wave height by forming the product of the wave height transform and conjugate
transform, then the temporal frequency window appears through its magnitude
squared,

A(X,£) ® |W(£)|2, (7-35)
where
+00
W(f) = [ w(t)exp(-i2nft)dt, (7-36)

and w(t) is the temporal window. Defining the cross-spectrum over the spatial
lag window w(X) results in a wavenumber component-frequency spectrum via
(7-21) as
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Tigure 7-2. Wavefronts of a Plane Wave Propagatino on a Surface
“rozen in Time.
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Figure 7-3. Wavenumber Spectrum of a Plane Wave Propagating
with Wavenumber Components kxo and Kyo'
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S(ky,£) @ |W(E)|2 * W(k,), (7-37)

and where

+o

Wky) = [ w(X)exp(-i2mk,X)dX. (7-38)

-0

The spatial frequency window does not appear through its magnitude squared;
and depending on window shape, the wavenumber-frequency spectrum can have neg-
ative power.

7.44 DETERMINATION OF SURFACE WAVE DIRECTIONALITY FROM A LINE ARRAY OF
SENSORS

The surface wave dispersion equation (7-8) provides the unique relation-
ship between frequency and wavenumber that permits the use of a line array to
determine the directionality of the surface waves.

Directionality of sea surface waves is usually expressed in terms of a
directional wave spectrum D(¢,f) which relates the density of wave power with
respect to direction of wave propagation ¢ and temporal frequency f. The
directional wave spectrum can be obtained from the wavenumber component-
frequency spectrum S(ky,f) by an appropriate transformation of coordinate
variables.

For a line array along the x axis, the cross-spectral density can be ex-
pressed (7-21) as a Fourier transform of the two-dimensional wavenumber
component-frequency spectrum. However, it is necessary to resolve the 'front-
to-back' ambiguity of the line array. The ambiquity can be resolved in most
instances from wind direction, array orientation and visual observation. From
the inverse transform of (7-21) and from (7-6) and (7-8), the cross-spectral
density can be expressed in terms of the directionality of the surface waves
projected onto the array axis, or

o}

m
2 2 2
A(X,f) = Zg_f j(szgf cos¢,f)exp[izn(2'g'f cos¢)){|sin¢d¢. (7-39)

The directional spectrum S(¢,f) of the surface waves measured along the x axis
of the array is related to the directional wave spectrum by

2
D(¢'f) = Z_Nf_.

g

sind S(¢,f). (7-40)

The one-dimensional power spectrum P(f) can be obtained from D(¢,f) or S(¢,f)
by summing the contributions to the directionality per unit angle
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n
P(f) = ] D(o,f)do,
[s]

or similiarly,

omgl }

g

P(f) = S(d,f)sinddd, (7-41)

(o]

It has been assumed that the wave power is confined to the sector defined by
the integration limits.

In the remaining sections of this chapter, the directionality of the sur-
face waves S(¢,f) measured from the five sensor line array is computed from
the three estimation methods.

7.5 ESTIMATION OF WAVENUMBER COMPONENT-FREQUENCY SPECTRUM
FROM A LINE ARRAY USING CONVENTIONAL METHODS

The wavenumber component-~frequency spectrum can be estimated from the
spatial transform of the cross-spectrum defined by (7-21). Assume the array
consists of K sensors that are oriented along the x axis and the separation
distance X between the jth and 1th gensor is

X=xj-x, J,1=1,.....K, (7-42)

where xj, x) are the distances measured to the sensor locations from a
convient origin. The cross-spectrum is denoted as

A(X,£) = A5 (£), (7-43)

and can be estimated directly using FFT techniques. The cross-spectral esti-
mation is based on overlapped processing of windowed data from each sensor
output. The windowing reduces the frequency leakage (sidelobes) and the over-
lapped segment averaging reduces statistical variability in the spectral esti-
mates 7-14]. The estimated cross-spectrum is

M

I B (D)Bf (£), i, 1=1, .. .,K, (7-44)

X

t
R..(f) =
it m=1
where B: (f) is the discrete Fourier transform of the windowed data at the
jth sensor of the mth segment, and * denotes complex conjugate. The num-
ber of segments M is dependent on the percentage overlap, the segment length,
and the available record length. The values of f are spaced 1/NAt, where N
is the number of data points in the segment and At is the sampling interval.

To equalize any differences in sensor gain, the cross-spectrum is nor-
malized by the power (auto) spectrum in each sensor, or




Ajl(f)

R, (f) =

31 (7-45)

Vh___________
A.j(f) All(f)

]

The normalized cross spectrum defined by (7-45) is referred to as the esti-
mated complex coherence function le(f). Techniques for estimating the
(magnitude-squared) coherence function using FFT techniques on weight.d over-
lapped segments 1s given by Carter et al.[7—14].

In estimating the wavenumber-frequency spectrum of ambient noise, Nuttall
and Carter 7-8 wuse FFT techniques to evaluate the spatial transform indi-
cated in (7-21). Firstly, the sensor locations in the array are chosen such
that an optimum number of contiguous separation distances can be obtained from

1

+2d, . . ., +Pd, where d is the closest separation between two sensors and P
is as large as possible. The closest separation determines the minimum sur-
face wavelength before spatial aliasing occurs. For the five sensor array
used in this experiment, the closest spacing was 30.5 cm and contiguous spac-
ings were obtained to a maximum separation of 274.3 cm.

relatively few sensors. That is {Xj - xl} K takes on values at 0, +d,

The wavenumber component-frequency spectrum estimated from (7-21) is
S(kx,f) = b wnK(nd,f)exp [—12ﬂkxnd], (7-46)

where w, are the weights to control the shape of the wavenumber window. If
the spatial frequency is evaluated at discrete values given by

k =-— , 1=0,1,...,L, (7-47)

then the spectrum can be evaluated using FFT techniques, that is

+P
1 ,f) = T wnﬁ(nd,f)exp -iz2mln |. (7-48)
Ld n=_p L

S(

The value of L determines the spacing between estimates of the spatial fre-
quency and can be greater than 2P+1 if it is desired to have closer spatial
estimates (see e.g. Section 5.21). The transform (7-48) must be evaluated at
each frequency of interest.

In the analysis of seismic waves, Capon [7-9] also estimated the
wavenumber-frequency spectrum via a transformm of the cross-spectral density
between sensor pairs. For a line array oriented along the x axis, the wave-
number component-frequency spectrum from [7—9] can be expressed as

~ , _ ‘1—
S (kx,f) = 3

Kl wow kR (Dexp [ -izme (- %)) (7-49)
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where wj are the (complex) weights applied to the spatial position of the
sensors. The estimate S'(ky,f) is a summation, with the appropriate spa-
tial weighting and array steering, of the cross power spectral densities
between all combinations of sensor pairs. There are K2 terms in the sum-
mation, whereas, in the estimate based on (7-46), the number of terms is less
((2P+1)<k2) since only cross-spectral densities at unique separation dis-
tances are included.

The differences between the wavenumber-frequency estimates given by
(7-46) and (7-49) can be highlighted when a line array with contiguous sepa-
ration distances is examined. The optimally spaced five sensor array used in
the measurement serves as an example (Fig. 7-4)., It can be seen that the

chosen locations {xj —xl} % take on the contiguous separations 0, +d,

+2d, . . ., +9d, where 9d is the maximum possible separation from the five
sensor array (d = 30.5 em). Note that when all sensor combinations are used,

there are four redundant separations at 0 since x; - =0, =1,
i=1] 2, .. ., 5 and there is one redundant separation at both +d since
X4 - X3 = x5 -~ X4 =d and, of course, x3 - x, = x4 - x5 = -d. Thus, there is

a total of 6 redundant separations from the array. If in both equations, the
original weights were unity wy = wj = 1, the effect of the redundant terms

is to give an effective weighting of five at O separation to the auto spectral
densities and an effective weighting of two to the cross-spectral densities at
+d. Thus, the redundant terms in (7-49) effect the shape of the wavenumber
window by giving nonuniform weightings to a line array with contiguous separa-
tion distances.

To avoid confusion in discussing the wavenumber-frequency estimates ob-
tained via (7-46) and (7-49), the estimates have been designated as 'spatial
lag weighting' and 'spatial weighting,' respectively. Also, both methods have
been referred to as conventional when contrasted to the 'high resolution' max-
imum likelihood method.

The directional responses (bezmpatterns) of the five sensor line array
were obtained from (7-46) and (7-49) for a plane wave incident broadside
(kyo = 0) to the array. By assuming unity weighting, the directional re-
sponse B(ky) from (7-46) can be expressed as

+P
Bk ) = I exp [—izﬂkxnd] , (7-50)

n=-P

which can be reduced to the form

sin (2p+1) (2mk d)]
B(k ) = 2 X ’
X TZP*ISSIﬁ(“kxd) (7-51)

where the peak value has been normalized to a value of unity. From (7-51),
it can be seen that the first zero crossings occur a: the angle

-1 1
$ = cos (TEFITTEQ) . (7-52)
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Figure 7-4. Line Array of Five Sensors Positioned on x Axis with Sensor
Locations Shown in Units of 30 cm. ® Designates Sensor Location.




The directional response from (7-49) can be written in a form similar to
(7-51) with the addition of the redundant terms.

A comparison between the two directional responses is shown in Fig. 7-5
for a surface wave frequency of 0.83 Hz (wavelength 244 cm). Both responses
peak broadside to the array at an angle of 909, The response with spatial
lag weighting has a slightly narrower beamwidth and can give an estimate with
negative power (see Section 7.4). The response using spatial weighting always
gives a positive estimate. Only 180° of the directional response is shown
since the same pattern is repeated. That is, the line array cannot distin-
guish from which side of the array the wave is propagating.

The beamwidth of the directional response depends on the ratio of the
surface wavelength to array length (see (7-52)): and hence, the beamwidth
increases as the <ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>